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Preface 


During the past years, there has been a quickly rising interest in radio access technologies for providing 
mobile as well as nomadic and fixed services for voice, video, and data. This proves that the difference 
in design, implementation, and use between telecom and datacom technologies is also becoming more 
blurred. What used to be a mobile phone used for voice communication is today increasingly 
becoming the main data communication device for end-users, providing web browsing, social 
networking, and many other services. 

Today, the most widespread radio access technology for mobile communication is digital cellular, 
with the number of subscribers exceeding six billion in 2013, quickly approaching an average of 
one subscription for every person on Earth. It has emerged from early deployments of an expensive 
voice service for a few car-borne users to today’s widespread use of mobile-communication devices 
that provide a range of mobile services and often include camera, MP3 player, and PDA functions. 
With this widespread use and increasing interest in mobile communication, there is a continuing 
evolution ongoing. 

This book describes LTE, developed in 3GPP (Third Generation Partnership Project) and 
providing true 4G broadband mobile access, starting from the first version in release 8 and through the 
continuing evolution to release 11, the latest version of LTE. Releases 10 and 11, also known as 
LTE-Advanced, is of particular interest as it is the major technology approved by the ITU as fulfilling 
the IMT-Advanced requirements. The description in this book is based on LTE release 11 and thus 
provides a complete description of the LTE-Advanced radio access from the bottom up. 

Chapter 1 gives the background to LTE and its evolution, looking also at the different standards 
bodies and organizations involved in the process of defining 4G. It also gives a discussion of the 
reasons and driving forces behind the evolution. 

Chapters 2-6 provide a deeper insight into some of the technologies that are part of LTE and its 
evolution. Because of its generic nature, these chapters can be used as a background not only for LTE 
as described in this book, but also for readers who want to understand the technology behind other 
systems, such as WCDMA/HSPA, WiMAX, and CDMA2000. 

Chapters 7—19 constitute the main part of the book. As a start, a technical overview of LTE is given, 
where the most important technology components are introduced based on the generic technologies 
described in previous chapters. The following chapters provide a detailed description of the protocol 
structure, the downlink and uplink transmission schemes, and the associated mechanisms for sched- 
uling, retransmission, and interference handling. Broadcast operation and relaying are also described. 
This is followed by a discussion of the spectrum flexibility and the associated requirements from an RF 
perspective. 

In Chapter 20, an assessment is made on LTE, first by looking at the performance of LTE-Advanced 
from a system point of view. 

Finally, looking into the future in Chapter 21, it will be seen that the evolution does not stop with 
LTE-Advanced but that new features are continuously added to LTE in order to meet future 
requirements. 
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Background of LTE 


1.1 Introduction 


Mobile communication has become an everyday commodity. In the last decades, it has 
evolved from being an expensive technology for a few selected individuals to today’s 
ubiquitous systems used by a majority of the world’s population. From the first experiments 
with radio communication by Guglielmo Marconi in the 1890s, the road to truly mobile radio 
communication has been quite long. To understand the complex mobile-communication 
systems of today, it is important to understand where they came from and how cellular 
systems have evolved. The task of developing mobile technologies has also changed, from 
being a national or regional concern to becoming an increasingly complex task undertaken by 
global standards-developing organizations such as the Third Generation Partnership Project 
(3GPP) and involving thousands of people. 

Mobile communication technologies are often divided into generations (see Figure 1.1), 
with 1G being the analog mobile radio systems of the 1980s, 2G the first digital mobile 
systems, and 3G the first mobile systems handling broadband data. The next generation, 4G or 
Long-Term Evolution (LTE), provides even better support for mobile broadband. Further 
evolution steps of 4G LTE will be taken within the next few years. In a longer term 
perspective, around 2020 one may enter into what some would call “SG” radio access, as 
discussed in Chapter 21. This continuing race of increasing sequence numbers for mobile 
system generations is in fact just a matter of labels. What is important is the actual system 
capabilities and how they have evolved, which is the topic of this chapter. 

Later releases of LTE are sometimes known as LTE-Advanced, but it is important to point 
out that LTE and LTE-Advanced are the same technology. The label “Advanced” was pri- 
marily added to highlight the relationship between LTE release 10 (LTE-Advanced) and ITU/ 
IMT-Advanced, as discussed later. This does not make LTE-Advanced a different system than 
LTE, and it is not in any way the final evolutionary step to be taken for LTE. Another 
important aspect is that the developmental work on LTE and LTE-Advanced is performed as a 
continuing task within 3GPP, the same forum that developed the first 3G system (WCDMA/ 
HSPA). This book covers LTE and LTE-Advanced up to and including 3GPP release 11, with 
an outlook to what is expected in release 12 and future radio-access in general. 
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NMT GSM WCDMA/HSPA 
AMPS IS-136 cdma2000 
TACS PDC TD-SCDMA 

IS-95 

FIGURE 1.1 


Generations of mobile communication systems 


This chapter describes the background for the development of the LTE system in terms of 
events, activities, organizations and other factors that have played an important role. First, the 
technologies and mobile systems leading up to the starting point for 3G mobile systems will 
be discussed. Next, international activities in the ITU that were part of shaping 3G and the 3G 
evolution and the market and technology drivers behind LTE will be discussed. The final part 
of the chapter describes the standardization process that provided the detailed specification 
work leading to the LTE systems deployed and in operation today. 


1.2 Evolution of mobile systems before LTE 


The US Federal Communications Commission (FCC) approved the first commercial car- 
borne telephony service in 1946, operated by AT&T. In 1947 AT&T also introduced the 
cellular concept of reusing radio frequencies, which became fundamental to all subsequent 
mobile-communication systems. Similar systems were operated by several monopoly tele- 
phone administrations and wire-line operators during the 1950s and 1960s, using bulky and 
power-hungry equipment and providing car-borne services for a very limited number of users. 

The big uptake of subscribers and usage came when mobile communication became 
an international concern involving several interested parties, in the beginning mainly the 
operators. The first international mobile communication systems were started in the early 
1980s; the best-known ones are NMT that began in the Nordic countries, AMPS in North 
America, TACS in Europe, and J-TACS in Japan. Equipment was still bulky, mainly car- 
borne, and voice quality was often inconsistent, with “cross-talk” between users being a 
common problem. With NMT came the concept of “roaming,” providing a service for users 
traveling outside the area of their “home” operator. This also created a larger market for 
mobile phones, attracting more companies into the mobile-communication business. 

The analog first-generation cellular systems supported “plain old telephony services” 
(POTS)—that is, voice with some related supplementary services. With the advent of digital 
communication during the 1980s, the opportunity to develop a second generation of mobile- 
communication standards and systems, based on digital technology, surfaced. With digital 
technology came an opportunity to increase the capacity of the systems, to give a more 
consistent quality of the service, and to develop much more attractive and truly mobile devices. 
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1.2 Evolution of mobile systems before LTE 3 


In Europe in the mid-1980s the GSM (originally Groupe Special Mobile, later Global 
System for Mobile Communications) project to develop a pan-European mobile-telephony 
system was initiated by the telecommunication administrations in CEPT’ and later continued 
within the new European Telecommunication Standards Institute (ETSI). The GSM standard 
was based on Time-Division Multiple Access (TDMA), as were the US-TDMA standard and 
the Japanese PDC standard that were introduced in the same time frame. A somewhat later 
development of a Code-Division Multiple Access (CDMA) standard called IS-95 was 
completed in the USA in 1993. 

All these standards were “narrowband” in the sense that they targeted “low-bandwidth” 
services such as voice. With the second-generation digital mobile communications came the 
opportunity to provide data services over the mobile-communication networks. The primary 
data services introduced in 2G were text messaging (Short Message Services, SMS) and 
circuit-switched data services enabling email and other data applications, initially at a 
modest peak data rate of 9.6 kbit/s. Higher data rates were introduced later in evolved 2G 
systems by assigning multiple time slots to a user and through modified coding schemes. 

Packet data over cellular systems became a reality during the second half of the 1990s, 
with General Packet Radio Services (GPRS) introduced in GSM and packet data also added 
to other cellular technologies such as the Japanese PDC standard. These technologies are 
often referred to as 2.5G. The success of the wireless data service iMode in Japan, which 
included a complete “ecosystem” for service delivery, charging, etc. gave a very clear 
indication of the potential for applications over packet data in mobile systems, in spite of the 
fairly low data rates supported at the time. 

With the advent of 3G and the higher-bandwidth radio interface of UTRA (Universal 
Terrestrial Radio Access) came possibilities for a range of new services that were only hinted at 
with 2G and 2.5G. The 3G/UTRA radio access development is today handled in 3GPP. 
However, the initial steps for 3G were taken in the early 1990s, long before 3GPP was formed. 

What also set the stage for 3G was the internationalization of cellular standards. GSM was 
a pan-European project, but it quickly attracted worldwide interest when the GSM standard 
was deployed in a number of countries outside Europe. A global standard gains in economy of 
scale, since the market for products becomes larger. This has driven a much tighter inter- 
national cooperation around 3G cellular technologies than for the earlier generations. 


1.2.1 The first 3G standardization 


Work on a third-generation mobile communication system started in ITU Unternational 
Telecommunication Union) in the 1980s, first under the label Future Public Land Mobile 
Telecommunications Systems (FPLMTS), later changed to IMT-2000 [1]. The World 
Administrative Radio Congress WARC-92 identified 230 MHz of spectrum for IMT-2000 on 


The European Conference of Postal and Telecommunications Administrations (CEPT) consists of the telecom 
administrations from 48 countries. 
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a worldwide basis. Of these 230 MHz, 2 x 60 MHz was identified as paired spectrum for FDD 
(Frequency-Division Duplex) and 35 MHz as unpaired spectrum for TDD (Time-Division 
Duplex), both for terrestrial use. Some spectrum was also set aside for satellite services. With 
that, the stage was set to specify IMT-2000. 

In parallel with the widespread deployment and evolution of 2G mobile-communication 
systems during the 1990s, substantial efforts were put into 3G research activities world- 
wide. In Europe, a number of partially EU-funded projects resulted in a multiple access 
concept that included a Wideband CDMA component that was input to ETSI in 1996. In 
Japan, the Association of Radio Industries and Businesses (ARIB) was at the same time 
defining a 3G wireless communication technology based on Wideband CDMA, and in the 
USA a Wideband CDMA concept called WIMS was developed within the T1.P1? committee. 
South Korea also started work on Wideband CDMA at this time. 

When the standardization activities for 3G started in ETSI in 1996, there were WCDMA 
concepts proposed both from a European research project (FRAMES) and from the ARIB 
standardization in Japan. The Wideband CDMA proposals from Europe and Japan were 
merged and came out as part of the winning concept in early 1998 in the European work on 
Universal Mobile Telecommunication Services (UMTS), which was the European name for 
3G. Standardization of WCDMA continued in parallel in several standards groups until the 
end of 1998, when the Third Generation Partnership Project (3GPP) was formed by 
standards-developing organizations from all regions of the world. This solved the problem of 
trying to maintain parallel development of aligned specifications in multiple regions. The 
present organizational partners of 3GPP are ARIB (Japan), CCSA (China), ETSI (Europe), 
ATIS (USA), TTA (South Korea), and TTC (Japan). 

At this time, when the standardization bodies were ready to put the details into the 3GPP 
specifications, work on 3G mobile systems had already been ongoing for some time in the 
international arena within the ITU-R. That work was influenced by and also provided a 
broader international framework for the standardization work in 3GPP. 


1.3 ITU activities 
1.3.1 IMT-2000 and IMT-Advanced 


ITU-R Working Party 5D (WPSD) has the responsibility for IMT systems, which is the umbrella 
name for 3G (IMT-2000) and 4G (IMT-Advanced). WP5D does not write technical specifi- 
cations for IMT, but has kept the roles of defining IMT in cooperation with the regional 
standardization bodies and maintaining a set of recommendations for IMT-2000 and 
IMT-Advanced. Recently, ITU-R has initiated an activity, sometimes referred to as IMT-2020, 
to look at the development of IMT technologies beyond what is defined for IMT-2000 and 
IMT-Advanced. 


°The T1.P1 committee was part of T1, which presently has joined the ATIS standardization organization. 
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The main IMT-2000 recommendation is ITU-R M.1457 [2], which identifies the IMT- 
2000 radio interface specifications (RSPC). The recommendation contains a “family” of 
radio interfaces, all included on an equal basis. The family of six terrestrial radio interfaces is 
illustrated in Figure 1.2, which also shows the Standards Developing Organizations (SDO) or 
Partnership Projects that produce the specifications. In addition, there are several IMT-2000 
satellite radio interfaces defined that are not illustrated in Figure 1.2. 

For each radio interface, M.1457 contains an overview of that radio interface, followed by 
a list of references to the detailed specifications. The actual specifications are maintained by 
the individual SDOs and M.1457 provides references to the specifications transposed and 
maintained by each SDO. 

With the continuing development of the IMT-2000 radio interfaces, including the evo- 
lution of UTRA to Evolved UTRA, the ITU recommendations also need to be updated. ITU-R 
WPSD continuously revises recommendation M.1457 and at the time of writing it is in its 
eleventh version. Input to the updates is provided by the SDOs and Partnership Projects 
writing the standards. In the latest revision of ITU-R M.1457, LTE (or E-UTRA) is included 
in the family through the 3GPP family members for UTRA FDD and TDD, as shown in 
Figure 1.2. 

IMT-Advanced is the term used for systems that include new radio interfaces supporting 
the new capabilities of systems beyond IMT-2000, as demonstrated with the “van diagram” in 
Figure 1.3. The step into IMT-Advanced capabilities is seen by ITU-R as the step into 4G, the 
next generation of mobile technologies after 3G. 
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FIGURE 1.2 
The definition of IMT-2000 in ITU-R 
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FIGURE 1.3 


Illustration of capabilities of IMT-2000 and IMT-Advanced, based on the framework described in 
ITU-R Recommendation M.1645 [47] 


The process for defining IMT-Advanced was set by ITU-R WP5D [3] and was quite 
similar to the process used in developing the IMT-2000 recommendations. ITU-R first 
concluded studies for IMT-Advanced of services and technologies, market forecasts, prin- 
ciples for standardization, estimation of spectrum needs, and identification of candidate 
frequency bands [4]. Evaluation criteria were agreed, where proposed technologies were to be 
evaluated according to a set of minimum technical requirements. All ITU members and other 
organizations were then invited to the process through a circular letter [5] in March 2008. 
After submission of six candidate technologies in 2009, an evaluation was performed in 
cooperation with external bodies such as standards-developing organizations, industry fora, 
and national groups. 

An evolution of LTE as developed by 3GPP was submitted as one candidate to the ITU-R 
evaluation. While actually being a new release (release 10) of the LTE system and thus an 
integral part of the continuing LTE development, the candidate was named LTE-Advanced for 
the purpose of ITU submission. 3GPP also set up its own set of technical requirements for 
LTE-Advanced, with the ITU-R requirements as a basis. The specifics of LTE-Advanced will 
be described in more detail as part of the description of LTE later in this book. The performance 
evaluation of LTE-Advanced for the ITU-R submission is described further in Chapter 20. 

The target of the process was always harmonization of the candidates through consensus 
building. ITU-R determined in October 2010 that two technologies would be included in the first 
release of IMT-Advanced, those two being LTE from release 10 (“LTE-Advanced”’) and 
WirelessMAN-Advanced [6] based on the IEEE 802.16m specification. The two can be viewed 
as the “family” of IMT-Advanced technologies as shown in Figure 1.4. The main IMT- 
Advanced recommendation, identifying the IMT-Advanced radio interface specifications, is 
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FIGURE 1.4 


Radio interface technologies IMT-Advanced 


ITU-R M.2012 [7]. As for the corresponding IMT-2000 specification, it contains an overview 
of each radio interface, followed by a list of references to the detailed specifications. 

Looking further into the future, a new recommendation, “Framework and overall objec- 
tives of future development of IMT for 2020 and beyond” [120], is initiated within ITU-R WP 
5D. The recommendation is a first step for defining developments of IMT in the future, 
looking at the future roles of IMT and how it can serve society, looking at market, user and 
technology trends, and spectrum implications. As a parallel activity, ITU-R WP5D is also 
developing a report on “Future technology trends of terrestrial IMT systems” [121], with a 
focus on the time period 2015-2020. The report will cover trends of future IMT technology 
aspects by looking at the technical and operational characteristics of IMT systems and how 
they are improved with the evolution of IMT technologies. 

In this way, the report on technology trends relates the coming releases of LTE-Advanced 
in release 12 and beyond, while the recommendation on a future IMT Vision looks further 
ahead and beyond 2020. The deliverables will be ready by 2015 and will be available as input 
to the World Radio Conference 2015 (WRC’ 15, see next section). Chapter 21 discusses some 
of the technology components considered for LTE in release 12 and beyond, as well as future 
radio access in general. 


1.3.2 Spectrum for IMT systems 


Another major activity within ITU-R concerning IMT-Advanced has been to identify globally 
available spectrum, suitable for IMT systems. The spectrum work has involved sharing 
studies between IMT and other technologies in those bands. Adequate spectrum availability 
and globally harmonized spectrum are identified as essential for IMT-Advanced. 

Spectrum for 3G was first identified at the World Administrative Radio Congress WARC-92, 
where 230 MHz was identified as intended for use by national administrations that want to 
implement IMT-2000. The so-called IMT-2000 “core band” at 2 GHz is in this frequency range 
and was the first band where 3G systems were deployed. 
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Additional spectrum was identified for IMT-2000 at later World Radio communication 
conferences. WRC-2000 identified the existing 2G bands at 800/900 MHz and 1800/1900 MHz, 
plus an additional 190 MHz of spectrum at 2.6 GHz, all for IMT-2000. As additional spectrum for 
IMT-2000, WRC’ 07 identified a band at 450 MHz, the so-called “digital dividend” at 698-806 
MHz, plus an additional 300 MHz of spectrum at higher frequencies. The applicability of these 
new bands varies on a regional and national basis. WRC’12 did not identify any additional 
spectrum allocations for IMT, but the issue was put on the agenda for WRC’15. It was also 
determined to study the use of the band 694-790 MHz for mobile services in Region | (Europe, 
Middle East, and Africa). 

The worldwide frequency arrangements for IMT are outlined in ITU-R recommendation 
M.1036 [8], which is presently being updated with the arrangements for the most recent 
frequency bands added. The recommendation outlines the regional variations in how the 
bands are implemented and also identifies which parts of the spectrum are paired and which 
are unpaired. For the paired spectrum, the bands for uplink (mobile transmit) and downlink 
(base-station transmit) are identified for Frequency-Division Duplex (FDD) operation. The 
unpaired bands can, for example, be used for Time-Division Duplex (TDD) operation. Note 
that the band that is most globally deployed for 3G is still 2 GHz. 

The same bands that were originally defined for IMT-2000 and used for 3G deployment 
are also being used for 4G, including LTE-Advanced deployment. The latest version of 
the ITU-R spectrum recommendation M.1036 [8] is renamed with a more generic title having 
the identifier “IMT” instead of “IMT-2000” and is now applicable for both LTE and 
LTE-Advanced deployments. Some regions and countries have issued licenses for new 
spectrum identified at WRC-2000 and WRC’07 with the intention of allowing 4G 
deployments, but in most cases new spectrum is licensed on a technology-neutral basis. Many 
new deployments are either 4G or 3G, but some are also a mix of 4G and 3G, sometimes also 
together with significant parts of the spectrum still used for 2G. 


1.4 Drivers for LTE and LTE-Advanced 


The evolution of 3G systems into 4G is driven by the creation and development of new 
services for mobile devices, and is enabled by advancement of the technology available for 
mobile systems. There has also been an evolution of the environment in which mobile 
systems are deployed and operated, in terms of competition between mobile operators, 
challenges from other mobile technologies, and new regulation of spectrum use and market 
aspects of mobile systems. 

The rapid evolution of the technology used in telecommunication systems, consumer 
electronics, and specifically mobile devices has been remarkable in the last 20 years. Moore’s 
law illustrates this and indicates a continuing evolution of processor performance and 
increased memory size, often combined with reduced size, power consumption, and cost for 
devices. Combined with a high-speed internet backbone often based on optical fiber 
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networks, we see that a range of technology enablers are in place to go hand-in-hand with 
advancement in mobile communications technology such as LTE. 

The rapid increase in use of the internet to provide all kinds of services since the 1990s 
started at the same time as 2G and 3G mobile systems came into widespread use. The natural 
next step was that those internet-based services also moved to the mobile devices, creating 
what is today know as mobile broadband. Being able to support the same Internet Protocol 
(IP)-based services in a mobile device that people use at home with a fixed broadband 
connection is a major challenge and a prime driver for the evolution of LTE. A few services 
were already supported by the evolved 2.5G systems, but it was not until the 3G and 4G 
systems were deployed, which are designed primarily for IP-based services, that the real 
mobile IP revolution took off. Increasing shares of mobile devices are “smartphones” that 
combine multimedia capabilities with applications that require mobile broadband data 
speeds, and a majority of mobile subscriptions will soon be for mobile broadband [112]. An 
interesting aspect of the migration of broadband services to mobile devices is that a mobile 
“flavor” is also added. The mobile position and the mobility and roaming capabilities do in 
fact create a whole new range of services tailored to the mobile environment. 

Fixed telephony (POTS) and earlier generations of mobile technology were built for 
circuit switched services, primarily voice. The first data services over GSM were circuit 
switched, with packet-based GPRS coming in as a later addition. This also influenced the first 
development of 3G, which was based on circuit switched data, with packet-switched services 
as an add-on. It was not until the 3G evolution into HSPA and later LTE/LTE-Advanced that 
packet-switched services and IP were made the primary design target. The old circuit- 
switched services remain, but will on LTE be provided over IP, with Voice-over IP (VoIP) 
as an example. 

IP is in itself service agnostic and thereby enables a range of services with different re- 
quirements. The main service-related design parameters for a radio interface supporting a 
variety of services are: 


¢ Data rate. Many services with lower data rates such as voice services are important and 
still occupy a large part of a mobile network’s overall capacity, but it is the higher 
data rate services that drive the design of the radio interface. The ever-increasing demand 
for higher data rates for mobile applications such as web browsing, streaming, and file 
transfer pushes the peak data rates for mobile systems from kbit/s for 2G to Mbit/s for 3G 
and getting close to Gbit/s for 4G. 

¢ Delay. Interactive services such as real-time gaming, web browsing, and interactive file 
transfer have requirements for very low delay, making it a primary design target. There 
are, however, many applications such as email and television where the delay 
requirements are not as strict. The delay for a packet sent from a server to a client and 
back is called latency. 

* Capacity. From the mobile system operator’s point of view, it is not only the peak data rates 
provided to the end-user that are of importance, but also the total data rate that can be 
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provided on average from each deployed base station site and per hertz of licensed spectrum. 
This measure of capacity is called spectral efficiency. In the case of capacity shortage in 
a mobile system, the Quality-of-Service (QoS) for the individual end-users may be 
degraded. 


How these three main design parameters influenced the development of LTE is described in 
more detail in Chapter 7, and an evaluation of what performance is achieved for the design 
parameters previously discussed is presented in Chapter 20. 

The demand for new services and for higher peak bit rates and system capacity is not only 
met by evolution of the technology to 4G. There is also a demand for more spectrum 
resources to expand systems and this demand also leads to more competition between an 
increasing number of mobile operators. In the initial deployment of 3G and during the 
development of 4G, there was also a competition between alternative technologies to provide 
mobile broadband services. While there are still systems such as CODMA2000 and WiMax in 
operation, the majority of 3G and 4G systems and the bulk of the mobile broadband growth 
are deployed with evolved 3G HSPA and 4G LTE-Advanced systems standardized in 3GPP. 

With more spectrum coming into use for mobile broadband, there is a need to operate 
mobile systems in a number of different frequency bands, in spectrum allocations of different 
sizes, and sometimes also in fragmented spectrum. This calls for high spectrum flexibility 
with the possibility for a varying channel bandwidth, which was also a driver and an essential 
design parameter for LTE. 

The demand for new mobile services and the evolution of the radio interface to LTE have 
served as drivers to evolve the core network. The core network developed for GSM in the 
1980s was extended to support GPRS, EDGE, and WCDMA in the 1990s, but was still very 
much built around the circuit-switched domain. A System Architecture Evolution (SAE) was 
initiated at the same time as LTE development started and has resulted in an Evolved Packet 
Core (EPC), developed to support HSPA and LTE/LTE-Advanced, focusing on the packet- 
switched domain. For more details on SAE/EPC, please refer to [9]. 


1.5 Standardization of LTE 


With a framework for IMT systems set up by the ITU-R, with spectrum made available by the 
WRC and with an ever-increasing demand for better performance, the task of specifying the 
LTE system that meets the design targets falls on 3GPP. 3GPP writes specifications for 2G, 3G, 
and 4G mobile systems, and 3GPP technologies are the most widely deployed in the world, with 
close to 90% of the world’s 6.4 billion mobile subscriptions in Q1 2013 [112]. In order to 
understand how 3GPP works, it is important to understand the process of writing standards. 


1.5.1 The standardization process 


Setting a standard for mobile communication is not a one-time job; it is an ongoing process. 
The standardization fora are constantly evolving their standards trying to meet new demands 
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for services and features. The standardization process is different in the different fora, but 
typically includes the four phases illustrated in Figure 1.5: 


Requirements, where it is decided what is to be achieved by the standard. 
Architecture, where the main building blocks and interfaces are decided. 

Detailed specifications, where every interface is specified in detail. 

Testing and verification, where the interface specifications are proven to work with real- 
life equipment. 


aio 


These phases are overlapping and iterative. As an example, requirements can be added, 
changed, or dropped during the later phases if the technical solutions call for it. Likewise, the 
technical solution in the detailed specifications can change due to problems found in the 
testing and verification phase. 

Standardization starts with the requirements phase, where the standards body decides what 
should be achieved with the standard. This phase is usually relatively short. 

In the architecture phase, the standards body decides about the architecture—that is, the principles 
of how to meet the requirements. The architecture phase includes decisions about reference points 
and interfaces to be standardized. This phase is usually quite long and may change the requirements. 

After the architecture phase, the detailed specifications phase starts. It is in this phase that 
the details for each of the identified interfaces are specified. During the detailed specification 
of the interfaces, the standards body may find that previous decisions in the architecture or 
even in the requirements phases need to be revisited. 

Finally, the testing and verification phase starts. It is usually not a part of the actual 
standardization in the standards bodies, but takes place in parallel through testing by vendors 
and interoperability testing between vendors. This phase is the final proof of the standard. 
During the testing and verification phase, errors in the standard may still be found and those 
errors may change decisions in the detailed standard. Albeit not common, changes may also 
need to be made to the architecture or the requirements. To verify the standard, products are 
needed. Hence, the implementation of the products starts after (or during) the detailed 
specifications phase. The testing and verification phase ends when there are stable test 
specifications that can be used to verify that the equipment is fulfilling the standard. 

Normally, it takes one to two years from the time when the standard is completed until 
commercial products are out on the market. However, if the standard is built from scratch, it 
may take longer since there are no stable components to build from. 


—-—=— = = = = 


Requirements [> Architecture = Detaled D> eee and 
specifications verification 


FIGURE 1.5 


The standardization phases and iterative process 
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1.5.2 The 3GPP process 


The Third-Generation Partnership Project (3GPP) is the standards-developing body 
that specifies the LTE/LTE-Advanced, as well as the 3G UTRA and 2G GSM systems. 
3GPP is a partnership project formed by the standards bodies ETSI, ARIB, TTC, TTA, CCSA, 
and ATIS. 3GPP consists of four Technical Specifications Groups (TSGs)—see Figure 1.6. 
3GPP TSG RAN (Radio Access Network) is the technical specification group that 
has developed WCDMA, its evolution HSPA, as well as LTE/LTE-Advanced, and is in 
the forefront of mobile broadband technology. TSG RAN consists of five working groups (WGs): 


1. RAN WGI, dealing with the physical layer specifications. 

2. RAN WG2, dealing with the layer 2 and layer 3 radio interface specifications. 

3. RAN WG3, dealing with the fixed RAN interfaces—for example, interfaces between 
nodes in the RAN—but also the interface between the RAN and the core network. 

4. RAN WG4, dealing with the radio frequency (RF) and radio resource management 
(RRM) performance requirements. 

5. RAN W6GS, dealing with the terminal conformance testing. 


The scope of 3GPP when it was formed in 1998 was to produce global specifications for a 
3G mobile system based on an evolved GSM core network, including the WCDMA-based 
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radio access of the UTRA FDD and the TD-CDMA-based radio access of the UTRA TDD 
mode. The task of developing and maintaining the GSM/EDGE specifications was added to 
3GPP at a later stage and the work now also includes LTE (E-UTRA). The UTRA, E-UTRA 
and GSM/EDGE specifications are developed, maintained, and approved in 3GPP. After 
approval, the organizational partners transpose them into appropriate deliverables as 
standards in each region. 

In parallel with the initial 3GPP work, a 3G system based on TD-SCDMA was developed 
in China. TD-SCDMA was eventually merged into release 4 of the 3GPP specifications as an 
additional TDD mode. 

The work in 3GPP is carried out with relevant ITU recommendations in mind and the 
result of the work is also submitted to ITU as being part of IMT-2000 and IMT-Advanced. 
The organizational partners are obliged to identify regional requirements that may lead to 
options in the standard. Examples are regional frequency bands and special protection re- 
quirements local to a region. The specifications are developed with global roaming and 
circulation of terminals in mind. This implies that many regional requirements in essence will 
be global requirements for all terminals, since a roaming terminal has to meet the strictest of 
all regional requirements. Regional options in the specifications are thus more common for 
base stations than for terminals. 

The specifications of all releases can be updated after each set of TSG meetings, which 
occur four times a year. The 3GPP documents are divided into releases, where each release 
has a set of features added compared to the previous release. The features are defined in 
Work Items agreed and undertaken by the TSGs. The releases from release 8 and onwards, 
with some main features listed for LTE, are shown in Figure 1.7. The date shown for each 
release is the day the content of the release was frozen. Release 10 of LTE is the first version 
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approved by ITU-R as an IMT-Advanced technology and is therefore also the first release 
named LTE-Advanced. 


1.5.3 The 3G evolution to 4G 


The first release of WCDMA Radio Access developed in TSG RAN was called release 99° 
and contained all features needed to meet the IMT-2000 requirements as defined by the ITU. 
This included circuit-switched voice and video services, and data services over both packet- 
switched and circuit-switched bearers. The first major addition of radio access features to 
WCDMA was HSPA, which was added in release 5 with High Speed Downlink Packet Access 
(HSDPA) and release 6 with Enhanced Uplink. These two are together referred to as HSPA. 
With HSPA, UTRA went beyond the definition of a 3G mobile system and also encompassed 
broadband mobile data. 

The 3G evolution continued in 2004, when a workshop was organized to initiate work on 
the 3GPP Long-Term Evolution (LTE) radio interface. During an initial study phase that 
continued until mid-2005, the requirements and design targets for LTE were developed and 
documented [10]. Most notable are the requirements on high data rate at the cell edge and the 
importance of low delay, in addition to the normal capacity and peak data rate requirements. 
Furthermore, spectrum flexibility and maximum commonality between FDD and TDD 
solutions are pronounced. After continuing extensive studies of different basic physical layer 
technologies, it was decided that the LTE radio access should be based on OFDM in the 
downlink and DFT-precoded OFDM in the uplink. TSG RAN and its working groups then 
worked on the LTE specifications and the specifications were approved in December 2007. 
Work has since then continued on LTE, with new features added in each release, as shown in 
Figure 1.7. Chapters 7-19 will go through the LTE radio interface in more detail. 

The work on IMT-Advanced within ITU-R WP5D came in 2008 into a phase where the 
detailed requirements and process were announced through a circular letter [5]. Among other 
things, this triggered new activities in 3GPP, where a study of LTE-Advanced was started. The 
task was to define requirements and investigate and propose technology components to be 
part of LTE-Advanced. The work was turned into a Work Item in 2009 in order to develop the 
detailed specifications. 

Within 3GPP, LTE-Advanced is seen as the next major step in the evolution of LTE. 
LTE-Advanced is therefore not a new technology; it is an evolutionary step in the continuing 
development of LTE. As shown in Figure 1.7, the features that form LTE-Advanced are part 
of the 3GPP LTE specifications from release 10. Wider bandwidth through aggregation of 
multiple carriers and evolved use of advanced antenna techniques in both uplink and 
downlink are the major components added in LTE release 10 to reach the IMT-Advanced 
targets. 


3For historical reasons, the first 3GPP release is named after the year it was frozen (1999), while the following 
releases are numbered 4, 5, 6, etc. 
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The work on LTE-Advanced within 3GPP was planned with the ITU-R time frame in 
mind. LTE-Advanced was submitted as a candidate to the ITU-R in 2009 and is now included 
in the set of radio interface technologies announced by ITU-R [6] in October 2010 as a part of 
the IMT-Advanced radio interface specifications. This is very much aligned with what was 
from the start stated as a goal for LTE, namely that LTE should provide the starting point for a 
smooth transition to 4G (= IMT-Advanced) radio access. 

The evolution of LTE and LTE-Advanced continues with features added in the 3GPP 
specification releases following release 10. A high-level summary of the features in releases 
11 and 12 are shown in Figure 1.7. Since LTE-Advanced is an integral part of 3GPP LTE 
release 10 and onwards, it is described in detail together with the corresponding components 
of LTE in Chapters 7-19 of this book. 3GPP release 12 is presently (September 2013) not 
completed and frozen in 3GPP, but an overview is given in Chapter 21, where an outlook is 
also made toward new features that are expected in future releases. 
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High Data Rates in Mobile 
Communication 


As discussed in Chapter 1, one main target for the evolution of mobile communication is to 
provide the possibility for significantly higher end-user data rates compared to what is 
achievable with, for example, the first releases of the 3G standards. This includes the pos- 
sibility for higher peak data rates but, as pointed out in the previous chapter, even more so the 
possibility for significantly higher data rates over the entire cell area, also including, for 
example, users at the cell edge. The initial part of this chapter will briefly discuss some of the 
more fundamental constraints that exist in terms of what data rates can actually be achieved in 
different scenarios. This will provide a background to discussions in the later part of the 
chapter, as well as in subsequent chapters, concerning different means to increase the 
achievable data rates in various mobile-communication scenarios. 


2.1 High data rates: fundamental constraints 


In [11], Shannon provided the basic theoretical tools needed to determine the maximum rate, 
also known as the channel capacity, by which information can be transferred over a given 
communication channel. Although relatively complicated in the general case, for the special 
case of communication over a channel, for example a radio link, only impaired by additive 
white Gaussian noise, the channel capacity C is given by the simple expression [12]: 


S 
C= BW-log,(1 +) (2.1) 


where BW is the bandwidth available for the communication, S denotes the received signal 
power, and N denotes the power of the white noise impairing the received signal. 

Already from (2.1) it should be clear that the two fundamental factors limiting the 
achievable data rate are the available received signal power, or more generally the available 
signal-power-to-noise-power ratio S/N, and the available bandwidth. To further clarify how 
and when these factors limit the achievable data rate, assume communication with a certain 
information rate R. The received signal power can then be expressed as S = Ey - R, where 
Ey is the received energy per information bit. Furthermore, the noise power can be expressed 
as N = No - BW, where No is the constant noise power spectral density measured in W/Hz. 
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Clearly, the information rate can never exceed the channel capacity. Together with the 
above expressions for the received signal power and noise power, this leads to the inequality: 


S E,:R 
R<C=BW:1 1+—]}] =BW:-1 1+——_ 22 
_ o82( + 5) o82( - No i) ( ) 
or, by defining the radio-link bandwidth utilization y = R/BW: 
Ep 
<1 1l=y-— 2.3 
Ys o82( Y =] (2.3) 


This inequality can be reformulated to provide a lower bound on the required received 
energy per information bit, normalized to the noise power density, for a given bandwidth 


utilization y: 
Ep | fo | 27 =1 
— > mini — 7 = (2.4) 
No No x 


The rightmost expression—the minimum required F,/Npo at the receiver as a function of 
the bandwidth utilization—is illustrated in Figure 2.1. As can be seen, for bandwidth utili- 
zations significantly less than 1—that is, for information rates substantially smaller than the 
utilized bandwidth—the minimum required E}/No is relatively constant, regardless of y. Fora 
given noise power density, any increase of the information data rate then implies a similar 
relative increase in the minimum required signal power S = E,-R at the receiver. On the other 
hand, for bandwidth utilizations larger than 1, the minimum required E}/No increases rapidly 
with y. Thus, in the case of data rates of the same order as or larger than the communication 
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Minimum required £,/Npo at the receiver as a function of bandwidth utilization 
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bandwidth, any further increase of the information data rate, without a corresponding increase 
in the available bandwidth, implies a larger, eventually much larger, relative increase in the 
minimum required received signal power. 


2.1.1 High data rates in noise-limited scenarios 


From the previous discussion, some basic conclusions can be drawn regarding the provi- 
sioning of higher data rates in a mobile-communication system when noise is the main source 
of radio-link impairment (a noise-limited scenario): 


¢ The data rates that can be provided in such scenarios are always limited by the available 
received signal power or, in the general case, the received signal-power-to-noise-power 
ratio. Furthermore, any increase of the achievable data rate within a given bandwidth 
will require at least the same relative increase of the received signal power. At the same 
time, if sufficient received signal power can be made available, basically any data 
rate can, at least in theory, be provided within a given limited bandwidth. 

¢ In the case of low-bandwidth utilization—that is, as long as the radio-link data rate is 
substantially lower than the available bandwidth—any further increase of the data rate 
requires approximately the same relative increase in the received signal power. This 
can be referred to as power-limited operation (in contrast to bandwidth-limited operation; 
see below) as, in this case, an increase in the available bandwidth does not substantially 
impact what received signal power is required for a certain data rate. 

¢ On the other hand, in the case of high-bandwidth utilization—that is, in the case of data 
rates of the same order as or exceeding the available bandwidth—any further increase 
in the data rate requires a much larger relative increase in the received signal power 
unless the bandwidth is increased in proportion to the increase in data rate. This can be 
referred to as bandwidth-limited operation as, in this case, an increase in the bandwidth 
will reduce the received signal power required for a certain data rate. 


Thus, to make efficient use of the available received signal power or, in the general case, 
the available signal-to-noise ratio, the transmission bandwidth should at least be of the same 
order as the data rates to be provided. 

Assuming a constant transmit power, the received signal power can always be increased 
by reducing the distance between the transmitter and the receiver, thereby reducing the 
attenuation of the signal as it propagates from the transmitter to the receiver. In a noise- 
limited scenario it is, at least in theory, always possible to increase the achievable data 
rates, assuming that one is prepared to accept a reduction in the transmitter/receiver dis- 
tance—that is, a reduced range. In a mobile-communication system this would correspond to 
a reduced cell size and the need for more cell sites to cover the same overall area. In 
particular, providing data rates of the same order as or larger than the available band- 
width—that is, with a high-bandwidth utilization—would require a significant cell-size 
reduction. Alternatively, one has to accept that the high data rates are only available for 
terminals in the center of the cell and not over the entire cell area. 
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Another means to increase the overall received signal power for a given transmit power is the 
use of additional antennas at the receiver side, also known as receive-antenna diversity. Multiple 
receive antennas can be applied at the base station (that is, for the uplink) or at the terminal (that is, 
for the downlink). By proper combination of the signals received at the different antennas, the 
signal-to-noise ratio after the antenna combination can be increased in proportion to the number of 
receive antennas, thereby allowing for higher data rates for a given transmitter/receiver distance. 

Multiple antennas can also be applied at the transmitter side, typically at the base station, 
and can be used to focus a given total transmit power in the direction of the receiver—that is, 
toward the target terminal. This will increase the received signal power and, once again, allow 
for higher data rates for a given transmitter/receiver distance. 

However, providing higher data rates by the use of multiple transmit or receive antennas is 
only efficient up to a certain level—that is, as long as the data rates are power limited rather 
than bandwidth limited. Beyond this point, the achievable data rates start to saturate and any 
further increase in the number of transmit or receive antennas, although leading to a corre- 
spondingly improved signal-to-noise ratio at the receiver, will only provide a marginal in- 
crease in the achievable data rates. This saturation in achievable data rates can be avoided by 
the use of multiple antennas at both the transmitter and the receiver, enabling what can be 
referred to as spatial multiplexing, often also referred to as MIMO (Multiple-Input Multiple- 
Output). Different types of multi-antenna techniques, including spatial multiplexing, will be 
discussed in more detail in Chapter 5. Multi-antenna techniques for the specific case of LTE 
are discussed in Chapters 10 and 11. 

An alternative to increasing the received signal power is to reduce the noise power, or 
more exactly the noise power density, at the receiver. This can, at least to some extent, be 
achieved by more advanced receiver RF design, allowing for a reduced receiver noise figure. 


2.1.2 Higher data rates in interference-limited scenarios 


The previous discussion assumed communication over a radio link only impaired by noise. How- 
ever, in actual mobile-communication scenarios, interference from transmissions in neighboring 
cells, also referred to as inter-cell interference, is often the dominant source of radio-link impair- 
ment, more so than noise. This is especially the case in small-cell deployments with a high traffic 
load. Furthermore, in addition to inter-cell interference there may also be interference from other 
transmissions within the current cell, also referred to as intra-cell interference. 

In many respects the impact of interference on a radio link is similar to that of noise. 
In particular, the basic principles discussed above apply also to a scenario where interference 
is the main radio-link impairment: 


e The maximum data rate that can be achieved in a given bandwidth is limited by 
the available signal-power-to-interference-power ratio. 

e Providing data rates larger than the available bandwidth (high-bandwidth utilization) is 
costly in the sense that it requires a disproportionately high signal-to-interference ratio. 
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Also, similar to a scenario where noise is the dominant radio-link impairment, reducing 
the cell size as well as the use of multi-antenna techniques are key means to increase the 
achievable data rates in an interference-limited scenario: 


* Reducing the cell size will obviously reduce the number of users, and thus also the 
overall traffic, per cell. This will reduce the relative interference level and allow for 
higher data rates. 

¢ Similar to the increase in signal-to-noise ratio, proper combination of the signals 
received at multiple antennas will also increase the signal-to-interference ratio after the 
antenna combination. 

¢ The use of beam-forming by means of multiple transmit antennas will focus the transmit 
power in the direction of the target receiver, leading to reduced interference to other 
radio links and improving the overall signal-to-interference ratio in the system. 


One important difference between interference and noise is that interference, in contrast to 
noise, typically has a certain structure which makes it, at least to some extent, predictable and 
possible to further suppress or even remove completely. As an example, a dominant inter- 
fering signal may arrive from a certain direction, in which case the corresponding interference 
can be further suppressed, or even completely removed, by means of spatial processing using 
multiple antennas at the receiver. This will be further discussed in Chapter 5. Also, any 
differences in the spectral properties between the target signal and an interfering signal can be 
used to suppress the interferer and thus reduce the overall interference level. 


2.2 Higher data rates within a limited bandwidth: 
higher-order modulation 


As discussed in the previous section, providing data rates larger than the available bandwidth 
is fundamentally inefficient in the sense that it requires disproportionately high signal- 
to-noise and signal-to-interference ratios at the receiver. Still, bandwidth is often a scarce 
and expensive resource and, at least in some mobile-communication scenarios, high signal- 
to-noise and signal-to-interference ratios can be made available, for example in small-cell 
environments with a low traffic load or for terminals close to the cell site. Mobile- 
communication systems should preferably be designed to be able to take advantage of 
such scenarios—that is, they should be able to offer very high data rates within a limited 
bandwidth when the radio conditions so allow. 

A straightforward means to provide higher data rates within a given transmission band- 
width is the use of higher-order modulation, implying that the modulation alphabet 
is extended to include additional signaling alternatives and thus allowing for more bits of 
information to be communicated per modulation symbol. 
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FIGURE 2.2 
Signal constellations for (a) QPSK, (b) 16QAM, and (c) 64QAM 


In the case of QPSK modulation, which is the modulation scheme used for the downlink in 
the first releases of the 3G mobile-communication standards (WCDMA and CDMA2000), the 
modulation alphabet consists of four different signaling alternatives. These four signaling 
alternatives can be illustrated as four different points in a two-dimensional plane 
(see Figure 2.2a). With four different signaling alternatives, QPSK allows for up to 2 bits of 
information to be communicated during each modulation-symbol interval. By extending to 
16QAM modulation (Figure 2.2b), 16 different signaling alternatives are available. The use of 
16QAM thus allows for up to 4 bits of information to be communicated per symbol interval. 
Further extension to 64QAM (Figure 2.2c), with 64 different signaling alternatives, allows for 
up to 6 bits of information to be communicated per symbol interval. At the same time, the 
bandwidth of the transmitted signal is, at least in principle, independent of the size of the 
modulation alphabet and mainly depends on the modulation rate (the number of modulation 
symbols per second). The maximum bandwidth utilization, expressed in bits/s/Hz, of 1}6QAM 
and 64QAM are, at least in principle, two and three times that of QPSK respectively. 

It should be pointed out that there are many other possible modulation schemes, in 
addition to those illustrated in Figure 2.2. One example is 8PSK, consisting of eight signaling 
alternatives and providing up to 3 bits of information per modulation symbol. Readers are 
referred to [12] for a more thorough discussion on different modulation schemes. 

The use of higher-order modulation provides the possibility for higher bandwidth 
utilization—that is, the possibility to provide higher data rates within a given bandwidth. 
However, the higher bandwidth utilization comes at the cost of reduced robustness to noise 
and interference. Alternatively expressed, higher-order modulation schemes, such as 16QAM 
or 64QAM, require a higher E}/No at the receiver for a given bit-error probability, compared 
to QPSK. This is in line with the discussion in the previous section, where it was con- 
cluded that high-bandwidth utilization—a high information rate within a limited band- 
width—in general requires a higher receiver Ep/No. 


2.2.1 Higher-order modulation in combination with channel coding 


Higher-order modulation schemes such as 16QAM and 64QAM require a higher receiver 
E,/No for a given error rate, compared to QPSK. However, in combination with channel 
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coding the use of higher-order modulation will sometimes be more efficient—that is, require 
a lower receiver E}/No for a given error rate—compared to the use of lower-order modulation 
such as QPSK. This may, for example, occur when the target bandwidth utilization implies 
that, with lower-order modulation, no or very little channel coding can be applied. In such a 
case, the additional channel coding that can be applied by using a higher-order modulation 
scheme such as 16QAM may lead to an overall gain in power efficiency compared to the use 
of QPSK. 

As an example, if a bandwidth utilization of close to 2 information bits per modulation 
symbol is required, QPSK modulation would allow for very limited channel coding (channel- 
coding rate close to 1). On the other hand, the use of 1}6QAM modulation would allow for a 
channel-coding rate of the order of one-half. Similarly, if a bandwidth efficiency close to 4 
information bits per modulation symbol is required, the use of 64QAM may be more efficient 
than 16QAM modulation, taking into account the possibility for lower-rate channel coding 
and corresponding additional coding gain in the case of 64QAM. It should be noted that this 
does not contradict the general discussion in Section 2.1 where it was concluded that 
transmission with high-bandwidth utilization is inherently power inefficient. The use of rate 
1/2 channel coding for 16QAM reduces the information data rate, and thus also the bandwidth 
utilization, to the same level as uncoded QPSK. 

From the discussion above it can be concluded that, for a given signal-to-noise/ 
interference ratio, a certain combination of modulation scheme and channel-coding rate is 
optimal in the sense that it can deliver the highest-bandwidth utilization (the highest data rate 
within a given bandwidth) for that signal-to-noise/interference ratio. 


2.2.2 Variations in instantaneous transmit power 


A general drawback of higher-order modulation schemes such as 16QAM and 64QAM, 
where information is also encoded in the instantaneous amplitude of the modulated signal, is 
that the modulated signal will have larger variations, and larger peaks, in its instantaneous 
power. This can be seen in Figure 2.3, which illustrates the distribution of the instantaneous 
power, more specifically the probability that the instantaneous power is above a certain value, 
for QPSK, 16QAM, and 64QAM respectively. The probability for large peaks in the 
instantaneous power is higher in the case of higher-order modulation. 

Larger peaks in the instantaneous signal power imply that the transmitter power amplifier 
must be over-dimensioned to avoid power-amplifier nonlinearities, occurring at high 
instantaneous power levels, causing corruption to the signal to be transmitted. As a conse- 
quence, the power-amplifier efficiency will be reduced, leading to increased power con- 
sumption. In addition, there will be a negative impact on the power-amplifier cost. 
Alternatively, the average transmit power must be reduced, implying a reduced range for a 
given data rate. High power-amplifier efficiency is especially important for the terminal—that 
is, in the uplink direction—due to the importance of low mobile-terminal power consumption 
and cost. For the base station, high power-amplifier efficiency, although far from irrelevant, is 
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FIGURE 2.3 
Distribution of instantaneous power for different modulation schemes. Average power is the same in 
all cases 


still somewhat less important. Thus, large peaks in the instantaneous signal power are less of 
an issue for the downlink compared to the uplink and, consequently, higher-order modulation 
is more suitable for the downlink compared to the uplink. 


2.3 Wider bandwidth including multi-carrier transmission 


As was shown in Section 2.1, transmission with a high-bandwidth utilization is fundamentally 
power inefficient in the sense that it will require disproportionately high signal-to-noise and 
signal-to-interference ratios for a given data rate. Providing very high data rates within a 
limited bandwidth, for example by means of higher-order modulation, is thus only possible in 
situations where relatively high signal-to-noise and signal-to-interference ratios can be made 
available, for example in small-cell environments with low traffic load or for terminals close 
to the cell site. 

Instead, to provide high data rates as efficiently as possible in terms of required signal- 
to-noise and signal-to-interference ratios, implying as good coverage as possible for high 
data rates, the transmission bandwidth should be at least of the same order as the data rates to 
be provided. Having in mind that the provisioning of higher data rates with good coverage is 
one of the main targets for mobile communication, it can thus be concluded that support for 
even wider transmission bandwidth is an important part of this evolution. 
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However, there are several critical issues related to the use of wider transmission band- 
widths in a mobile-communication system: 


¢ Spectrum is, as already mentioned, often a scarce and expensive resource, and it may be 
difficult to find spectrum allocations of sufficient size to allow for very wideband 
transmission, especially at lower-frequency bands. 

¢ The use of wider transmission and reception bandwidths has an impact on the complexity 
of the radio equipment, both at the base station and at the terminal. As an example, a 
wider transmission bandwidth has a direct impact on the transmitter and the receiver 
sampling rates, and thus on the complexity and power consumption of digital-to-analog 
and analog-to-digital converters, as well as front-end digital signal processing. RF 
components are also, in general, more complicated to design and more expensive to 
produce, the wider the bandwidth they have to handle. 


These two issues are mainly outside the scope of this book. However, a more specific 
technical issue related to wider-band transmission is the increased corruption of the trans- 
mitted signal due to time dispersion on the radio channel. Time dispersion occurs when the 
transmitted signal propagates to the receiver via multiple paths with different delays (see 
Figure 2.4a). In the frequency domain, a time-dispersive channel corresponds to a non- 
constant channel frequency response, as illustrated in Figure 2.4b. This radio-channel fre- 
quency selectivity will corrupt the frequency-domain structure of the transmitted signal and 
lead to higher error rates for given signal-to-noise/interference ratios. Every radio channel is 
subject to frequency selectivity, at least to some extent. However, the extent to which the 
frequency selectivity impacts the radio communication depends on the bandwidth of the 
transmitted signal with, in general, larger impact for wider-band transmission. The amount of 
radio-channel frequency selectivity also depends on the environment, with typically less 
frequency selectivity (less time dispersion) in the case of small cells and in environments with 
few obstructions and potential reflectors, such as rural environments. 


frequency 


(a) (b) 
FIGURE 2.4 


Multi-path propagation causing time dispersion and radio-channel frequency selectivity 
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It should be noted that Figure 2.4b illustrates a “snapshot” of the channel frequency 
response. As a terminal is moving through the environment, the detailed structure of the multi- 
path propagation, and thus also the detailed structure of the channel frequency response, may 
vary rapidly with time. The rate of the variations in the channel frequency response is related to 
the channel Doppler spread, fp, defined as fp = v/c - f-, where v is the speed of the terminal, f 
is the carrier frequency (for example, 2 GHz), and c is the speed of light. 

Receiver-side equalization [12] has for many years been used to counteract signal cor- 
ruption due to radio-channel frequency selectivity. Equalization has been shown to provide 
satisfactory performance with reasonable complexity at least up to bandwidths corresponding 
to the WCDMA bandwidth of 5 MHz (see, for example, [13]). However, if the transmission 
bandwidth is further increased up to, for example, 20 MHz, as is done in LTE, the complexity 
of straightforward high-performance equalization starts to become a serious issue. One option 
is to apply less optimal equalization, with a corresponding negative impact on the equalizer 
capability to counteract the signal corruption due to radio-channel frequency selectivity and 
thus a corresponding negative impact on the radio-link performance. 

An alternative approach is to consider specific transmission schemes and signal designs 
that allow for good radio-link performance also in the case of substantial radio-channel 
frequency selectivity without a prohibitively large receiver complexity. In the following, 
two such approaches to wider-band transmission will be discussed: 


e The use of different types of multi-carrier transmission—that is, transmitting an overall 
wider-band signal as several more narrowband frequency-multiplexed signals (see 
below). One special case of multi-carrier transmission is OFDM transmission, to be 
discussed in more detail in Chapter 3. 

e The use of specific single-carrier transmission schemes, especially designed to allow for 
efficient but still reasonably low-complexity equalization. This is further discussed in 
Chapter 4. 


2.3.1 Multi-carrier transmission 


One way to increase the overall transmission bandwidth, without suffering from increased 
signal corruption due to radio-channel frequency selectivity, is the use of so-called multi-carrier 
transmission. As illustrated in Figure 2.5, multi-carrier transmission implies that, instead of 
transmitting a single more wideband signal, multiple more narrowband signals, often referred to 
as subcarriers, are frequency multiplexed and jointly transmitted over the same radio link to the 
same receiver. By transmitting M signals in parallel over the same radio link, the overall data 
rate can be increased up to M times. At the same time, the impact in terms of signal corruption 
due to radio-channel frequency selectivity depends on the bandwidth of each subcarrier. Thus, 
the impact from a frequency-selective channel is essentially the same as for a more narrowband 
transmission scheme with a bandwidth that corresponds to the bandwidth of each subcarrier. 
A drawback of the kind of multi-carrier evolution outlined in Figure 2.5, where an existing 
more narrowband radio-access technology is extended to a wider overall transmission bandwidth 
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Extension to wider transmission bandwidth by means of multi-carrier transmission 


by the parallel transmission of M more narrowband carriers, is that the spectrum of each sub- 
carrier typically does not allow for very tight subcarrier “packing.” This is illustrated by the 
“valleys” in the overall multi-carrier spectrum outlined in the lower part of Figure 2.5. This has a 
somewhat negative impact on the overall bandwidth efficiency of this kind of multi-carrier 
transmission. 

As an example, consider the multi-carrier evolution of WCDMA/HSPA toward wider 
bandwidth. WCDMA has a modulation rate, also referred to as the WCDMA chip rate, of 
fcr = 3.84 Mchips/s. However, due to spectrum shaping, even the theoretical WCDMA 
spectrum, not including spectrum widening due to transmitter imperfections, has a bandwidth 
that significantly exceeds 3.84 MHz. More specifically, as can be seen in Figure 2.6, the 
theoretical WCDMA spectrum has a raised-cosine shape with roll-off a = 0.22. As a 
consequence, the bandwidth outside of which the WCDMA theoretical spectrum equals zero 
is approximately 4.7 MHz (see right part of Figure 2.6). 

For a straightforward multi-carrier extension of WCDMA, the subcarriers must thus be 
spaced approximately 4.7 MHz from each other to completely avoid inter-subcarrier inter- 
ference. It should be noted, though, that a smaller subcarrier spacing can be used with only 
limited inter-subcarrier interference. 
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Theoretical WCDMA spectrum. Raised-cosine shape with roll-off @ = 0.22 


A second drawback of multi-carrier transmission is that, similar to the use of higher-order 
modulation, the parallel transmission of multiple carriers will lead to larger variations in the 
instantaneous transmit power. Thus, similar to the use of higher-order modulation, multi- 
carrier transmission will have a negative impact on the transmitter power-amplifier effi- 
ciency, implying increased transmitter power consumption and increased power-amplifier 
cost. Alternatively, the average transmit power must be reduced, implying a reduced range 
for a given data rate. For this reason, similar to the use of higher-order modulation, multi- 
carrier transmission is more suitable for the downlink (base-station transmission), 
compared to the uplink (mobile-terminal transmission), due to the higher importance of high 
power-amplifier efficiency at the terminal. 

The main advantage with the kind of multi-carrier extension outlined in Figure 2.5 is that it 
provides a very smooth evolution, in terms of both radio equipment and spectrum, of an 
already existing radio-access technology to wider transmission bandwidth and a corre- 
sponding possibility for higher data rates, especially for the downlink. In essence this kind of 
multi-carrier evolution to wider bandwidth can be designed so that, for legacy terminals not 
capable of multi-carrier reception, each downlink “subcarrier” will appear as an original, 
more narrowband carrier, while, for a multi-carrier-capable terminal, the network can make 
use of the full multi-carrier bandwidth to provide higher data rates. 

The next chapter will discuss, in more detail, a different approach to multi-carrier 
transmission, based on the so-called OFDM technique. 
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OFDM Transmission 


In this chapter, a more detailed overview of OFDM or Orthogonal Frequency-Division 
Multiplexing will be given. OFDM is the transmission scheme used for 3GPP LTE and is 
also used for several other radio-access technologies, for example WiMAX [14] and the DVB 
broadcast technologies [15]. 


3.1 Basic principles of OFDM 


Transmission by means of OFDM can be seen as a kind of multi-carrier transmission. The 
basic characteristics of OFDM transmission, which distinguish it from a straightforward 
multi-carrier extension of a more narrowband transmission scheme as outlined in Figure 2.5 
in the previous chapter, are: 


¢ The use of a typically very large number of relatively narrowband subcarriers. In 
contrast, a straightforward multi-carrier extension as outlined in Figure 2.5 would 
typically consist of only a few subcarriers, each with a relatively wide bandwidth. As an 
example, the HSPA multi-carrier evolution to a 20 MHz overall transmission bandwidth 
consists of four (sub)carriers, each with a bandwidth of the order of 5 MHz. In 
comparison, OFDM transmission may imply that several hundred subcarriers are 
transmitted over the same radio link to the same receiver. 

e Simple rectangular pulse shaping as illustrated in Figure 3.1a. This corresponds to a sinc- 
square-shaped per-subcarrier spectrum, as illustrated in Figure 3.1b. 

¢ Tight frequency-domain packing of the subcarriers with a subcarrier spacing Af = 1/T,, 
where 7, is the per-subcarrier modulation-symbol time (see Figure 3.2). The subcarrier 
spacing is thus equal to the per-subcarrier modulation rate 1/T,.' 


An illustrative description of a basic OFDM modulator is provided in Figure 3.3. It consists of 
a bank of N, complex modulators, where each modulator corresponds to one OFDM subcarrier. 

In complex baseband notation, a basic OFDM signal x(t) during the time interval 
mT, < t < (m+ 1)T, can thus be expressed as: 


N,.-1 N,-1 ; 
=) a= > a7 G.1) 
k=0 k=0 


'This ignores a possible cyclic prefix, see Section 3.4. 
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(a) Per-subcarrier pulse shape and (b) spectrum for basic OFDM transmission 


Af =1/T, 


FIGURE 3.2 
OFDM subcarrier spacing 


where x;(f) is the kth modulated subcarrier with frequency f, = k - Af and al”) is the, 
generally complex, modulation symbol applied to the Ath subcarrier during the mth OFDM 
symbol interval—that is, during the time interval mT, < t < (m+ 1)T,. OFDM transmission 
is block based, implying that, during each OFDM symbol interval, N, modulation symbols are 
transmitted in parallel. The modulation symbols can be from any modulation alphabet, such 
as QPSK, 16QAM, or 64QAM. 

The number of OFDM subcarriers can range from less than one hundred to several thousand, 
with the subcarrier spacing ranging from several hundred kHz down to a few kHz. What 
subcarrier spacing to use depends on what types of environments the system is to operate 
in, including such aspects as the maximum expected radio-channel frequency selectivity 
(maximum expected time dispersion) and the maximum expected rate of channel variations 
(maximum expected Doppler spread). Once the subcarrier spacing has been selected, the 
number of subcarriers can be decided based on the assumed overall transmission bandwidth, 
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OFDM modulation 


taking into account acceptable out-of-band emission, etc. The selection of OFDM subcarrier 
spacing and number of subcarriers is discussed in somewhat more detail in Section 3.8. 

As an example, for 3GPP LTE the basic subcarrier spacing equals 15 kHz. On the other 
hand, the number of subcarriers depends on the transmission bandwidth, with 600 subcarriers 
in the case of operation in a 10 MHz spectrum allocation and correspondingly fewer/more 
subcarriers in the case of smaller/larger overall transmission bandwidths. 

The term Orthogonal Frequency-Division Multiplex is due to the fact that two modulated 
OFDM subcarriers x;, and xx, are mutually orthogonal over the time interval mT, < t < (m+ 1) 
T,, that is: 


(m+1)T, (m+1)T, 
/ Xp, (xq, (f) dt = / Oy, a eM EAR e PRA dp — 0 for ky thy (3.2) 
mT, mT, 


Thus, basic OFDM transmission can be seen as the modulation of a set of orthogonal 
functions @;(t), where: 


(3.3) 


= eeree j<t<T, 
Pk 0 otherwise 


The “physical resource” in the case of OFDM transmission is often illustrated as a 
time-frequency grid according to Figure 3.4, where each “column” corresponds to one 
OFDM symbol and each “row” corresponds to one OFDM subcarrier. 


3.2 OFDM demodulation 


Figure 3.5 illustrates the basic principle of OFDM demodulation consisting of a bank 
of correlators, one for each subcarrier. Taking into account the orthogonality between subcarriers 
according to (3.2), it is clear that, in the ideal case, two OFDM subcarriers do not cause any 
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interference to each other after demodulation. Note that this is the case despite the fact that the 
spectrum of neighbor subcarriers clearly overlaps, as can be seen from Figure 3.2. Thus, the 
avoidance of interference between OFDM subcarriers is not simply due to a subcarrier spec- 
trum separation, which is, for example, the case for the kind of straightforward multi-carrier 
extension outlined in Figure 2.5 in the previous chapter. Rather, the subcarrier orthogonality 
is due to the specific frequency-domain structure of each subcarrier in combination with the 
specific choice of a subcarrier spacing Af equal to the per-subcarrier symbol rate 1/T,. However, 
this also implies that, in contrast to the kind of multi-carrier transmission outlined in Section 
2.3.1 of the previous chapter, any corruption of the frequency-domain structure of the OFDM 
subcarriers, for example due to a frequency-selective radio channel, may lead to a loss of inter- 
subcarrier orthogonality and thus to interference between subcarriers. To handle this and to 
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make an OFDM signal truly robust to radio-channel frequency selectivity, cyclic-prefix 
insertion is typically used, as will be further discussed in Section 3.4. 


3.3 OFDM implementation using IFFT/FFT processing 


Although a bank of modulators/correlators according to Figures 3.3 and 3.5 can be used to 
illustrate the basic principles of OFDM modulation and demodulation respectively, these are 
not the most appropriate modulator/demodulator structures for actual implementation. 
Actually, due to its specific structure and the selection of a subcarrier spacing Af equal to the 
per-subcarrier symbol rate 1/7, OFDM allows for low-complexity implementation by means 
of computationally efficient Fast Fourier Transform (FFT) processing. 

To confirm this, consider a time-discrete (sampled) OFDM signal where it is assumed that 
the sampling rate f, is a multiple of the subcarrier spacing Af that is —f, = 1/T, = N - Af. The 
parameter N should be chosen so that the sampling theorem [12] is sufficiently fulfilled.* As 
N.: Af can be seen as the nominal bandwidth of the OFDM signal, this implies that V should 
exceed N, with a sufficient margin. 

With these assumptions, the time-discrete OFDM signal can be expressed as: 


N.-1 N.-1 N-1 
Xn = x(nTs) = , apei2™tAfaT = y agen = » ae (3.4) 
k=0 k=0 k=0 


where 
j a 0<k<MN 
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Thus, the sequence x, or, in other words, the sampled OFDM signal, is the size-N Inverse 
Discrete Fourier Transform (IDFT) of the block of modulation symbols do, a, ...,ay.—1 
extended with zeros to length N. OFDM modulation can be implemented by means of IDFT 
processing followed by digital-to-analog conversion, as illustrated in Figure 3.6. In 
particular, by selecting the IDFT size N equal to 2” for some integer m, the OFDM 
modulation can be implemented by means of implementation-efficient radix-2 Inverse Fast 
Fourier Transform (IFFT) processing. It should be noted that the ratio N/N., which could be 
seen as the over-sampling of the time-discrete OFDM signal, could very well be, and 
typically is, a non-integer number. As an example and as already mentioned, for 3GPP LTE 
the number of subcarriers N. is approximately 600 in the case of a 10 MHz spectrum 
allocation. The IFFT size can then, for example, be selected as N = 1024. This corresponds 
to a sampling rate fj = N- Af= 15.36 MHz, where Af= 15 kHz is the LTE subcarrier spacing. 


?An OFDM signal defined according to (3.1) in theory has an infinite bandwidth and thus the sampling theorem 
can never be fulfilled completely. 

From now on the index m on the modulation symbols, indicating the OFDM symbol number, will be ignored 
unless especially needed. 
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FIGURE 3.6 
OFDM modulation by means of IFFT processing 


FIGURE 3.7 
OFDM demodulation by means of FFT processing 


It is important to understand that IDFT/IFFT-based implementation of an OFDM modu- 
lator, and even more so the exact IDFT/IFFT size, are just transmitter-implementation choices 
and not something that would be mandated by any radio-access specification. As an example, 
nothing forbids the implementation of an OFDM modulator as a set of parallel modulators, as 
illustrated in Figure 3.3. Also, nothing prevents the use of a larger IFFT size, for example a 
size-2048 IFFT, even in the case of a smaller number of OFDM subcarriers. 

Similar to OFDM modulation, efficient FFT processing can be used for OFDM demod- 
ulation, replacing the bank of N. parallel demodulators of Figure 3.5 with sampling rate 
Ss = IVT;, followed by a size-N DFT/FFT, as illustrated in Figure 3.7. 


3.4 Cyclic-prefix insertion 


As described in Section 3.2, an uncorrupted OFDM signal can be demodulated without any 
interference between subcarriers. One way to understand this subcarrier orthogonality is to 
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Time dispersion and corresponding received-signal timing 


recognize that a modulated subcarrier x;,(f) in (3.1) consists of an integer number of periods of 
complex exponentials during the demodulator integration interval T, = 1/Af. 

However, in the case of a time-dispersive channel the orthogonality between the subcarriers 
will, at least partly, be lost. The reason for this loss of subcarrier orthogonality in the case of a 
time-dispersive channel is that the demodulator correlation interval for one path will overlap 
with the symbol boundary of a different path, as illustrated in Figure 3.8. Thus, the integration 
interval will not necessarily correspond to an integer number of periods of complex expo- 
nentials of that path as the modulation symbols a; may differ between consecutive symbol 
intervals. As a consequence, in the case of a time-dispersive channel there will not only be 
inter-symbol interference within a subcarrier, but also interference between subcarriers. 

Another way to explain the interference between subcarriers in the case of a time- 
dispersive channel is to have in mind that time dispersion on the radio channel is equiva- 
lent to a frequency-selective channel frequency response. As clarified in Section 3.2, 
orthogonality between OFDM subcarriers is not simply due to frequency-domain separation 
but due to the specific frequency-domain structure of each subcarrier. Even if the frequency- 
domain channel is constant over a bandwidth corresponding to the main lobe of an OFDM 
subcarrier and only the subcarrier side lobes are corrupted due to the radio-channel frequency 
selectivity, the orthogonality between subcarriers will be lost with inter-subcarrier interfer- 
ence as a consequence. Due to the relatively large side lobes of each OFDM subcarrier, a 
relatively limited amount of time dispersion or, equivalently, a relatively modest radio- 
channel frequency selectivity may cause substantial interference between subcarriers. 

To deal with this problem and to make an OFDM signal truly insensitive to time dispersion 
on the radio channel, so-called cyclic-prefix insertion is typically used in OFDM trans- 
mission. As illustrated in Figure 3.9, cyclic-prefix insertion implies that the last part of the 
OFDM symbol is copied and inserted at the beginning of the OFDM symbol. Cyclic-prefix 
insertion thus increases the length of the OFDM symbol from 7, to T, + Tcp, where Tcp 
is the length of the cyclic prefix, with a corresponding reduction in the OFDM symbol rate as 
a consequence. As illustrated in the lower part of Figure 3.9, if the correlation at the receiver 
side is still only carried out over a time interval 7, = 1/Af, subcarrier orthogonality will then 
also be preserved in the case of a time-dispersive channel, as long as the span of the time 
dispersion is shorter than the cyclic-prefix length. 
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Cyclic-prefix insertion 


In practice, cyclic-prefix insertion is carried out on the time-discrete output of the 
transmitter IFFT. Cyclic-prefix insertion then implies that the last Ncp samples of the IFFT 
output block of length N are copied and inserted at the beginning of the block, increasing the 
block length from N to N + Ncp. At the receiver side, the corresponding samples are discarded 
before OFDM demodulation by means of, for example, DFT/FFT processing. 

Cyclic-prefix insertion is beneficial in the sense that it makes an OFDM signal insensitive 
to time dispersion as long as the span of the time dispersion does not exceed the length of the 
cyclic prefix. The drawback of cyclic-prefix insertion is that only a fraction T,/(Ty + Tcp) of 
the received signal power is actually utilized by the OFDM demodulator, implying a corre- 
sponding power loss in the demodulation. In addition to this power loss, cyclic-prefix insertion 
also implies a corresponding loss in terms of bandwidth as the OFDM symbol rate is reduced 
without a corresponding reduction in the overall signal bandwidth. 

One way to reduce the relative overhead due to cyclic-prefix insertion is to reduce the 
subcarrier spacing Af, with a corresponding increase in the symbol time 7, as a conse- 
quence. However, this will increase the sensitivity of the OFDM transmission to fast 
channel variations—that is, high Doppler spread—as well as different types of frequency 
errors (see further Section 3.8). 

It is also important to understand that the cyclic prefix does not necessarily have to cover the 
entire length of the channel time dispersion. In general, there is a trade-off between the power 
loss due to the cyclic prefix and the signal corruption (inter-symbol and inter-subcarrier 
interference) due to residual time dispersion not covered by the cyclic prefix. At a certain 
point, further reduction of the signal corruption due to further increase of the cyclic-prefix 
length will not justify the corresponding additional power loss. This also means that, 
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although the amount of time dispersion typically increases with the cell size, beyond a certain 
cell size there is often no reason to increase the cyclic prefix further as the corresponding power 
loss due to a further increase of the cyclic prefix would have a larger negative impact, compared 
to the signal corruption due to the residual time dispersion not covered by the cyclic prefix [16]. 


3.5 Frequency-domain model of OFDM transmission 


Assuming a sufficiently large cyclic prefix, the linear convolution of a time-dispersive radio 
channel will appear as a circular convolution during the demodulator integration interval 7). 
The combination of OFDM modulation (IFFT processing), a time-dispersive radio channel, 
and OFDM demodulation (FFT processing) can then be seen as a frequency-domain channel 
as illustrated in Figure 3.10, where the frequency-domain channel taps Ho, ..., Hy,—1 can be 
directly derived from the channel impulse response. 

The demodulator output b; in Figure 3.10 is the transmitted modulation symbol a, scaled 
and phase rotated by the complex frequency-domain channel tap H;, and impaired by noise nx. 
To properly recover the transmitted symbol for further processing, for example data 
demodulation and channel decoding, the receiver should multiply b, by the complex con- 
jugate of H;, as illustrated in Figure 3.11. This is often expressed as a one-tap equalizer being 
applied to each received subcarrier. 


3.6 Channel estimation and reference symbols 


As described above, to demodulate the transmitted modulation symbol a; and allow for 
proper decoding of the transmitted information at the receiver side, scaling with the complex 


--- Transmitter ----------------------------- Receiver ------------------------------- 
ay “re nT, bo 
na 
ay, byw 

Ay No 

& > 

ag i ° b= Hira, +n, 
H Niji 4 H, : Channel response for symbol a; 
Ne-l 7 4 n, : Noise imposed on symbol a, 
4y,-1 7 by, -1 
FIGURE 3.10 


Frequency-domain model of OFDM transmission/reception 
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Frequency-domain model of OFDM transmission/reception with “one-tap equalization” at the 
receiver 


conjugate of the frequency-domain channel tap H; should be applied after OFDM demod- 
ulation (FFT processing) (see Figure 3.11). To be able to do this, the receiver needs an es- 
timate of the frequency-domain channel taps Ho, ..., Hy,—1. 

The frequency-domain channel taps can be estimated indirectly by first estimating the 
channel impulse response and, from that, calculating an estimate of Hz. However, a more 
straightforward approach is to estimate the frequency-domain channel taps directly. This can 
be done by inserting known reference symbols, sometimes also referred to as pilot symbols, 
at regular intervals within the OFDM time-frequency grid, as illustrated in Figure 3.12. Using 
knowledge about the reference symbols, the receiver can estimate the frequency-domain 
channel around the location of the reference symbol. The reference symbols should also 
have a sufficiently high density in both the time and the frequency domains to be able to 
provide estimates for the entire time—frequency grid in the case of radio channels subject to 
high frequency and/or time selectivity. 

Different more or less advanced algorithms can be used for the channel estimation, 
ranging from simple averaging in combination with linear interpolation to Minimum- 
Mean-Square-Error (MMSE) estimation relying on more detailed knowledge of the 
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Time-frequency grid with known reference symbols 
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channel time/frequency-domain characteristics. Readers are referred to, for example, [17] for 
a more in-depth discussion on channel estimation for OFDM. 


3.7 Frequency diversity with OFDM: importance of channel coding 


As discussed in Section 2.3 in the previous chapter, a radio channel is always subject to some 
degree of frequency selectivity, implying that the channel quality will vary in the frequency 
domain. In the case of a single wideband carrier, such as a WCDMA carrier, each modulation 
symbol is transmitted over the entire signal bandwidth. Thus, in the case of the transmission 
of a single wideband carrier over a highly frequency-selective channel (see Figure 3.13a), 
each modulation symbol will be transmitted both over frequency bands with relatively good 
quality (relatively high signal strength) and frequency bands with low quality (low signal 
strength). Such transmission of information over multiple frequency bands with different 
instantaneous channel quality is also referred to as frequency diversity. 

On the other hand, in the case of OFDM transmission each modulation symbol is mainly 
confined to a relatively narrow bandwidth. Thus, for OFDM transmission over a frequency- 
selective channel, certain modulation symbols may be fully confined to a frequency band with 
very low instantaneous signal strength, as illustrated in Figure 3.13b. The individual modu- 
lation symbols will typically not experience any substantial frequency diversity even if the 
channel is highly frequency selective over the overall OFDM transmission bandwidth. As a 
consequence, the basic error-rate performance of OFDM transmission over a frequency- 
selective channel is relatively poor and especially much worse than the basic error rate in 
the case of a single wideband carrier. 

However, in practice channel coding is used in most cases of digital communication and 
especially in mobile communication. Channel coding implies that each bit of information to 
be transmitted is spread over several, often very many, code bits. If these coded bits are then, 


Single wideband carrier OFDM signal 


Sub-carrier experiencing 
very bad channel quality 
oma) 


FIGURE 3.13 


(a) Transmission of single wideband carrier and (b) OFDM transmission over a frequency-selective 
channel 
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Channel coding in combination with frequency-domain interleaving to provide frequency diversity in 
case of OFDM transmission 


via modulation symbols, mapped to a set of OFDM subcarriers that are well distributed over 
the overall transmission bandwidth of the OFDM signal, as illustrated in Figure 3.14, each 
information bit will experience frequency diversity in the case of transmission over a radio 
channel that is frequency selective over the transmission bandwidth, despite the fact that the 
subcarriers, and thus also the code bits, will not experience any frequency diversity. 
Distributing the code bits in the frequency domain, as illustrated in Figure 3.14, is sometimes 
referred to as frequency interleaving. This is similar to the use of time-domain interleaving to 
benefit from channel coding in the case of fading that varies in time. 

In contrast to the transmission of a single wideband carrier, channel coding (combined 
with frequency interleaving) is an essential component in order for OFDM transmission to be 
able to benefit from frequency diversity on a frequency-selective channel. As channel coding 
is typically used in most cases of mobile communication this is not a very serious drawback, 
especially taking into account that a significant part of the available frequency diversity can 
be captured already with a relatively high code rate. 


3.8 Selection of basic OFDM parameters 


If OFDM is to be used as the transmission scheme in a mobile-communication system, the 
following basic OFDM parameters need to be decided upon: 


e The subcarrier spacing Af 

¢ The number of subcarriers N., which, together with the subcarrier spacing, determines 
the overall transmission bandwidth of the OFDM signal. 

e The cyclic-prefix length Tcp. Together with the subcarrier spacing Af = 1/T,, the 
cyclic-prefix length determines the overall OFDM symbol time T = Tcp + T, or, 
equivalently, the OFDM symbol rate. 
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Subcarrier interference as a function of the normalized Doppler spread fpoppier/Af 


3.8.1 OFDM subcarrier spacing 
There are two factors that constrain the selection of the OFDM subcarrier spacing: 


¢ The OFDM subcarrier spacing should be as small as possible (7, as large as possible) to 
minimize the relative cyclic-prefix overhead Tcp/(T, + Tcp)—see further Section 3.8.3. 

¢ A too small subcarrier spacing increases the sensitivity of the OFDM transmission to 
Doppler spread and different kinds of frequency inaccuracies. 


A requirement for the OFDM subcarrier orthogonality (3.2) to hold at the receiver side— 
that is, after the transmitted signal has propagated over the radio channel—is that the instan- 
taneous channel does not vary noticeably during the demodulator correlation interval T, (see 
Figure 3.5). In the case of such channel variations, for example due to very high Doppler spread, 
the orthogonality between subcarriers will be lost, with inter-subcarrier interference as a 
consequence. Figure 3.15 illustrates the subcarrier signal-to-interference ratio due to inter- 
subcarrier interference between two neighboring subcarriers, as a function of the normalized 
Doppler spread. When considering Figure 3.15, it should be borne in mind that a subcarrier will 
be subject to interference from multiple subcarriers on both sides*—that is, the overall inter- 
subcarrier interference from all subcarriers will be higher than what is illustrated in Figure 3.15. 

In practice, the amount of inter-subcarrier interference that can be accepted very much 
depends on the service to be provided and to what extent the received signal is corrupted due 


“Except for the subcarrier at the edge of the spectrum. 
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to noise and other impairments. As an example, on the cell border of large cells the signal-to- 
noise/interference ratio will be relatively low, with relatively low achievable data rates as a 
consequence. A small amount of additional inter-subcarrier interference, for example due to 
Doppler spread, may then be more or less negligible. At the same time, in high signal-to- 
noise/interference scenarios, for example in small cells with low traffic or close to the base 
station, where high data rates are to be provided, the same amount of inter-subcarrier 
interference may have a much more negative impact. 

It should also be noted that, in addition to Doppler spread, inter-subcarrier interference 
will also be due to different transmitter and receiver inaccuracies, such as frequency errors 
and phase noise. 


3.8.2 Number of subcarriers 


Once the subcarrier spacing has been selected based on environment, expected Doppler 
spread and time dispersion, etc., the number of subcarriers can be determined based on the 
amount of spectrum available and the acceptable out-of-band emissions. 

The basic bandwidth of an OFDM signal equals N, - Af, that is, the number of subcarriers 
multiplied by the subcarrier spacing. However, as can be seen in Figure 3.16, the spectrum of 
a basic OFDM signal falls off very slowly outside the basic OFDM bandwidth and especially 
much slower than fora WCDMA signal. The reason for the large out-of-band emission of a 
basic OFDM signal is the use of rectangular pulse shaping (Figure 3.1), leading to per- 
subcarrier side lobes that fall off relatively slowly. However, in practice, straightforward 
filtering or time-domain windowing [18] will be used to suppress a main part of the OFDM 
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FIGURE 3.16 
Spectrum of a basic 5 MHz OFDM signal compared with WCDMA spectrum 
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out-of-band emissions. In practice, typically of the order of 10% guard-band is needed for an 
OFDM signal implying, as an example, that in a spectrum allocation of 5 MHz, the basic 
OFDM bandwidth N, - Af could be of the order of 4.5 MHz. Assuming, for example, a 
subcarrier spacing of 15 kHz as selected for LTE, this corresponds to approximately 300 
subcarriers in 5 MHz. 


3.8.3 Cyclic-prefix length 


In principle, the cyclic-prefix length Tcp should cover the maximum length of the time 
dispersion expected to be experienced. However, as already discussed, increasing the length 
of the cyclic prefix, without a corresponding reduction in the subcarrier spacing Af, implies an 
additional overhead in terms of power as well as bandwidth. In particular, the power loss 
implies that, as the cell size grows and the system performance becomes more power limited, 
there is a trade-off between the loss in power due to the cyclic prefix and the signal corruption 
due to time dispersion not covered by the cyclic prefix. As already mentioned, this implies 
that, although the amount of time dispersion typically increases with the cell size, beyond a 
certain cell size there is often no reason to increase the cyclic prefix further as the corre- 
sponding power loss would have a larger negative impact, compared to the signal corruption 
due to the residual time dispersion not covered by the cyclic prefix [16]. 

One situation where a longer cyclic prefix may be needed is in the case of multi-cell 
transmission using SFN (Single-Frequency Network), as further discussed in Section 3.11. 

Thus, to be able to optimize performance to different environments, some OFDM-based 
systems support multiple cyclic-prefix lengths. The various cyclic-prefix lengths can then 
be used in different transmission scenarios: 


¢ Shorter cyclic prefix in small-cell environments to minimize the cyclic-prefix overhead. 
¢ Longer cyclic prefix in environments with extreme time dispersion and especially in 
the case of SFN operation. 


3.9 Variations in instantaneous transmission power 


According to Section 2.3.1, one of the drawbacks of multi-carrier transmission is the 
corresponding large variations in the instantaneous transmit power, implying a reduced 
power-amplifier efficiency and higher mobile-terminal power consumption; alternatively, that 
the power-amplifier output power has to be reduced with a reduced range as a consequence. 
Being a kind of multi-carrier transmission scheme, OFDM is subject to the same drawback. 

However, a large number of different methods have been proposed to reduce the large 
power peaks of an OFDM signal: 


e In the case of tone reservation [19], a subset of the OFDM subcarriers are not used for 
data transmission. Instead, these subcarriers are modulated in such a way that the largest 
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peaks of the overall OFDM signal are suppressed, allowing for a reduced power-amplifier 
back-off. One drawback of tone reservation is the bandwidth loss due to the fact that a 
number of subcarriers are not available for actual data transmission. The calculation of 
what modulation to apply to the reserved tones can also be of relatively high complexity. 

¢ In the case of prefiltering or precoding, linear processing is applied to the sequence of 
modulation symbols before OFDM modulation. DFTS-spread OFDM (DFTS-OFDM) 
as described in the next chapter, and which is used for the LTE uplink, can be seen as one 
kind of prefiltering. 

¢ In the case of selective scrambling [20], the coded-bit sequence to be transmitted is 
scrambled with a number of different scrambling codes. Each scrambled sequence is then 
OFDM modulated and the signal with the lowest peak power is selected for transmission. 
After OFDM demodulation at the receiver side, descrambling and subsequent decoding 
is carried out for all the possible scrambling sequences. Only the decoding carried out for 
the scrambling code actually used for the transmission will provide a correct decoding 
result. A drawback of selective scrambling is increased receiver complexity as multiple 
decodings need to be carried out in parallel. 


Readers are referred to the parenthetical references above for a more in-depth discussion 
on different peak-reduction schemes. 


3.10 OFDM as a user-multiplexing and multiple-access scheme 


The discussion has, until now, implicitly assumed that all OFDM subcarriers are transmitted 
from the same transmitter to a certain receiver, that is: 


¢ downlink transmission of all subcarriers to a single terminal; 
e uplink transmission of all subcarriers from a single terminal. 


However, OFDM can also be used as a user-multiplexing or multiple-access scheme, 
allowing for simultaneous frequency-separated transmissions to/from multiple terminals (see 
Figure 3.17). 

In the downlink direction, OFDM as a user-multiplexing scheme implies that, in each 
OFDM symbol interval, different subsets of the overall set of available subcarriers are used 
for transmission to different terminals (see Figure 3.17a). 

Similarly, in the uplink direction, OFDM as a user-multiplexing or multiple-access scheme 
implies that, in each OFDM symbol interval, different subsets of the overall set of subcarriers 
are used for data transmission from different terminals (see Figure 3.17b). In this case, the 
term Orthogonal Frequency-Division Multiple Access or OFDMA is also often used.” 


°The term OFDMA is sometimes also used to denote the use of OFDM to multiplex multiple users in the 
downlink, as illustrated in Figure 3.17a. 
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OFDM as a user-multiplexing/multiple-access scheme: (a) downlink and (b) uplink 
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Distributed user multiplexing 


Figure 3.17 assumes that consecutive subcarriers are used for transmission to/from the 
same terminal. However, distributing the subcarriers to/from a terminal in the frequency 
domain is also possible, as illustrated in Figure 3.18. The benefit of such distributed user 
multiplexing or distributed multiple access is a possibility for additional frequency diversity 
as each transmission is spread over a wider bandwidth. 

In the case when OFDMA is used as an uplink multiple-access scheme—that is, in the case 
of frequency multiplexing of OFDM signals from multiple terminals—it is critical that the 
transmissions from the different terminals arrive approximately time aligned at the base station. 
More specifically, the transmissions from the different terminals should arrive at the base station 
with a timing misalignment less than the length of the cyclic prefix to preserve orthogonality 
between subcarriers received from different terminals and thus avoid inter-user interference. 

Due to the differences in distance to the base station for different terminals and the corre- 
sponding differences in the propagation time (which may far exceed the length of the cyclic 
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Uplink transmission-timing control 


prefix), it is therefore necessary to control the uplink transmission timing of each terminal (see 
Figure 3.19). Such transmission-timing control should adjust the transmit timing of each terminal 
to ensure that uplink transmissions arrive approximately time aligned at the base station. As the 
propagation time changes as the terminal is moving within the cell, the transmission-timing control 
should be an active process, continuously adjusting the exact transmit timing of each terminal. 

Furthermore, even in the case of perfect transmission-timing control, there will always be 
some interference between subcarriers, for example due to frequency errors. Typically this 
interference is relatively low in the case of reasonable frequency errors, Doppler spread, etc. 
(see Section 3.8). However, this assumes that the different subcarriers are received with at 
least approximately the same power. In the uplink, the propagation distance and thus the path 
loss of the different mobile-terminal transmissions may differ significantly. If two terminals 
are transmitting with the same power, the received-signal strengths may differ significantly, 
implying a potentially significant interference from the stronger signal to the weaker signal 
unless the subcarrier orthogonality is perfectly retained. To avoid this, at least some degree of 
uplink transmission-power control may need to be applied in case of uplink OFDMA, 
reducing the transmission power of user terminals close to the base station and ensuring that 
all received signals will be of approximately the same power. 


3.11 Multi-cell broadcast/multicast transmission and OFDM 


The provision of broadcast/multicast services in a mobile-communication system implies that 
the same information is to be simultaneously provided to multiple terminals, often dispersed 
over a large area corresponding to a large number of cells, as shown in Figure 3.20. The 
broadcast/multicast information may be a TV news clip, information about the local weather 
conditions, stock-market information, or any other kind of information that, at a given time, 
may be of interest to a large number of people. 

When the same information is to be provided to multiple terminals within a cell it is often 
beneficial to provide this information as a single “broadcast” radio transmission covering the 
entire cell and simultaneously being received by all relevant terminals (Figure 3.21a), rather 
than providing the information by means of individual transmissions to each terminal (unicast 
transmission; see Figure 3.21b). 
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Broadcast scenario 
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Broadcast vs. unicast transmission: (a) broadcast and (b) unicast 


As a broadcast transmission according to Figure 3.21 has to be dimensioned to reach the 
worst-case terminals, including terminals at the cell border, it will be relative costly in terms 
of the recourses (base-station transmit power) needed to provide a certain broadcast-service 
data rate. Alternatively, taking into account the limited signal-to-noise ratio that can be 
achieved at, for example, the cell edge, the achievable broadcast data rates may be relatively 
limited, especially in the case of large cells. One way to increase the broadcast data rates 
would then be to reduce the cell size, thereby increasing the cell-edge receive power. 
However, this will increase the number of cells to cover a certain area and is thus obviously 
negative from a cost-of-deployment point of view. 

However, as discussed above, the provision of broadcast/multicast services in a mobile- 
communication network typically implies that identical information is to be provided over 
a large number of cells. In such a case, the resources (downlink transmit power) needed to 
provide a certain broadcast data rate can be considerably reduced if terminals at the cell edge 
can utilize the received power from broadcast transmissions from multiple cells when 
detecting/decoding the broadcast data. 
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Equivalence between simulcast transmission and multi-path propagation 


One way to mitigate this and further improve the provision of broadcast/multicast services 
in a mobile-communication network is to ensure that the broadcast transmissions from 
different cells are truly identical and transmitted mutually time aligned. In this case, the 
transmissions received from multiple cells will, as seen from the terminal, appear as a single 
transmission subject to severe multi-path propagation, as illustrated in Figure 3.22. The 
transmission of identical time-aligned signals from multiple cells, especially in the case of 
broadcast/multicast services, is sometimes referred to as Single-Frequency Network (SFN) 
operation [21]. 

In the case of such identical time-aligned transmissions from multiple cells, the “inter-cell 
interference” due to transmissions in neighboring cells will, from a terminal point of view, be 
replaced by signal corruption due to time dispersion. If the broadcast transmission is based on 
OFDM with a cyclic prefix that covers the main part of this “time dispersion,” the achievable 
broadcast data rates are thus only limited by noise, implying that, especially in smaller cells, 
very high broadcast data rates can be achieved. Furthermore, the OFDM receiver does not 
need to explicitly identify the cells to be soft combined. Rather, all transmissions that fall 
within the cyclic prefix will “automatically” be captured by the receiver. 
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Wider-Band “Single-Carrier” 
Transmission 


The previous chapters discussed multi-carrier transmission in general (Section 2.3.1) and 
OFDM transmission in particular (Chapter 3) as means to allow for very high overall 
transmission bandwidth while still being robust enough to signal corruption due to radio- 
channel frequency selectivity. 

However, as discussed in the previous chapter, a drawback of OFDM modulation, as well 
as any kind of multi-carrier transmission, is the large variations in the instantaneous power of 
the transmitted signal. Such power variations imply a reduced power-amplifier efficiency and 
higher power-amplifier cost. This is especially critical for the uplink, due to the high 
importance of low mobile-terminal power consumption and cost. 

As discussed in Chapter 3, several methods have been proposed on how to reduce the large 
power variations of an OFDM signal. However, most of these methods have limitations as to 
what extent the power variations can be reduced. Furthermore, most of the methods also 
imply a significant computational complexity and/or a reduced link performance. 

Thus, there is interest to consider wider-band single-carrier transmission as an alternative 
to multi-carrier transmission, especially for the uplink—that is, for mobile-terminal trans- 
missions. It is then necessary to consider what can be done to handle the corruption to the 
signal waveform that will occur in most mobile-communication environments due to radio- 
channel frequency selectivity. 


4.1 Equalization against radio-channel frequency selectivity 


Historically, the main method to handle signal corruption due to radio-channel frequency 
selectivity has been to apply different forms of equalization [12] at the receiver side. The aim 
of equalization is to, by different means, compensate for the channel frequency selectivity and 
thus, at least to some extent, restore the original signal shape. 


4.1.1 Time-domain linear equalization 


The most basic approach to equalization is the time-domain linear equalizer, consisting of a 
linear filter with an impulse response w(t) applied to the received signal (see Figure 4.1). 
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FIGURE 4.1 


General time-domain linear equalization 


By selecting different filter impulse responses, different receiver/equalizer strategies can be 
implemented. As an example, in DS-CDMA-based systems a so-called RAKE receiver structure 
has historically often been used. The RAKE receiver is simply the receiver structure of Figure 4.1 
where the filter impulse response has been selected to provide channel-matched filtering: 


w(t) = h*(—7) (4.1) 


That is, the filter response has been selected as the complex conjugate of the time-reversed 
channel impulse response. This is also often referred to as a Maximum-Ratio Combining (MRC) 
filter setting [12]. 

Selecting the receiver filter according to the MRC criterion—that is, as a channel-matched 
filter—maximizes the post-filter signal-to-noise ratio (thus the term maximum-ratio 
combining). However, MRC-based filtering does not provide any compensation for any 
radio-channel frequency selectivity—that is, no equalization. Thus, MRC-based receiver 
filtering is appropriate when the received signal is mainly impaired by noise or interference 
from other transmissions but not when a main part of the overall signal corruption is due to the 
radio-channel frequency selectivity. 

Another alternative is to select the receiver filter to fully compensate for the radio-channel 
frequency selectivity. This can be achieved by selecting the receiver-filter impulse response to 
fulfill the relation: 

h(t) ®w(t) = 1 (4.2) 


where “®” denotes linear convolution. This selecting of the filter setting, also known as 
Zero-Forcing (ZF) equalization [12], provides full compensation for any radio-channel fre- 
quency selectivity (complete equalization) and thus full suppression of any related signal 
corruption. However, zero-forcing equalization may lead to a large, potentially very large, 
increase in the noise level after equalization and to an overall degradation in the link per- 
formance. This will be the case especially when the channel has large variations in its fre- 
quency response. 

A third and, in most cases, better alternative is to select a filter setting that provides a trade- 
off between signal corruption due to radio-channel frequency selectivity and noise/ 
interference. This can, for example, be done by selecting the filter to minimize the mean- 
square error between the equalizer output and the transmitted signal—that is, to minimize: 


e= E{ |s(t) — (2) [". (4.3) 
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FIGURE 4.2 


Linear equalization implemented as a time-discrete FIR filter 


This is also referred to as a Minimum Mean-Square Error (MMSE) equalizer setting [12]. 

In practice, the linear equalizer has most often been implemented as a time-discrete FIR 
filter [22] with L filter taps applied to the sampled received signal, as illustrated in Figure 4.2. 
In general, the complexity of such a time-discrete equalizer grows relatively rapidly with the 
bandwidth of the signal to be equalized: 


¢ A more wideband signal is subject to relatively more radio-channel frequency selectivity 
or, equivalently, relatively more time dispersion. This implies that the equalizer needs to 
have a larger span (larger length L—that is, more filter taps) to be able to properly 
compensate for the channel frequency selectivity. 

¢ A more wideband signal leads to a correspondingly higher sampling rate for the received 
signal. Thus, the receiver-filter processing needs to be carried out with a correspondingly 
higher rate. 


It can be shown [23] that the time-discrete MMSE equalizer setting w= 
[Wo, W1, «+ wr)” is given by the expression: 


w= Rp. (4.4) 


In this expression, R is the channel-output auto-correlation matrix of size L x L, which 
depends on the channel impulse response as well as on the noise level, and p is the channel- 
output/channel-input cross-correlation vector of size L x 1 that depends on the channel 
impulse response. 

In particular, in the case of a large equalizer span (large L), the time-domain MMSE 
equalizer may be of relatively high complexity: 


¢ The equalization itself (the actual filtering) may be of relatively high complexity 
according to the above. 

¢ Calculation of the MMSE equalizer setting, especially the calculation of the inverse of 
the size L x L correlation matrix R, may be of relatively high complexity. 
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Frequency-domain linear equalization 


4.1.2 Frequency-domain equalization 


A possible way to reduce the complexity of linear equalization is to carry out the equalization 
in the frequency domain [24], as illustrated in Figure 4.3. In such frequency-domain linear 
equalization, the equalization is carried out block-wise with block size-N. The sampled 
received signal is first transformed into the frequency domain by means of a size-N DFT. The 
equalization is then carried out as frequency-domain filtering, with the frequency-domain 
filter taps Wo, ..., Wy_1, for example, being the DFT of the corresponding time-domain 
filter taps wo, ..., wr-1 Of Figure 4.2. Finally, the equalized frequency-domain signal is 
transformed back to the time domain by means of a size-N inverse DFT. The block size-N 
should preferably be selected as N = 2” for some integer n to allow for computational- 
efficient radix-2 FFT/IFFT implementation of the DFT/IDFT processing. 

For each processing block of size-N, the frequency-domain equalization basically consists 
of: 


¢ A size-N DFT/FFT. 
¢ Ncomplex multiplications (the frequency-domain filter). 
e A size-N inverse DFT/FFT. 


Especially in the case of channels with extensive frequency selectivity, implying the need 
for a large span of a time-domain equalizer (large equalizer length L), equalization in the 
frequency domain according to Figure 4.3 can be of significantly less complexity, compared 
to the time-domain equalization illustrated in Figure 4.2. 

However, there are two issues with frequency-domain equalization: 


e The time-domain filtering of Figure 4.2 implements a time-discrete linear convolution. 
In contrast, frequency-domain filtering according to Figure 4.3 corresponds to circular 
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Overlap-and-discard processing 


FIGURE 4.5 


Cyclic-prefix insertion in the case of single-carrier transmission 


convolution in the time domain. Assuming a time-domain equalizer of length L, this 
implies that the first L — 1 samples at the output of the frequency-domain equalizer will 
not be identical to the corresponding output of the time-domain equalizer. 

¢ The frequency-domain filter taps Wo, ..., Wy_1 can be determined by first determining 
the pulse response of the corresponding time-domain filter and then transforming this 
filter into the frequency domain by means of a DFT. However, as mentioned above, 
determining the MMSE time-domain filter may be relatively complex in the case of a 
large equalizer length L. 


One way to address the first issue is to apply an overlap in the block-wise processing of the 
frequency-domain equalizer as outlined in Figure 4.4, where the overlap should be at least 
L — 1 samples. With such an overlap, the first L — 1 “incorrect” samples at the output of the 
frequency-domain equalizer can be discarded as the corresponding samples are also 
(correctly) provided as the last part of the previously received/equalized block. The drawback 
with this kind of “overlap-and-discard” processing is a computational overhead—that is, 
somewhat higher receiver complexity. 

An alternative approach that addresses both of the above issues is to apply cyclic-prefix 
insertion at the transmitter side (see Figure 4.5). Similar to OFDM, cyclic-prefix insertion in 
the case of single-carrier transmission implies that a cyclic prefix of length Ncp samples is 
inserted block-wise at the transmitter side. The transmitter-side block size should be the same 
as the block size-N used for the receiver-side frequency-domain equalization. 

With the introduction of a cyclic prefix, the channel will, from a receiver point of 
view, appear as a circular convolution over a receiver processing block of size-N. There is 
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no need for any receiver overlap-and-discard processing. Furthermore, the frequency- 
domain filter taps can now be calculated directly from an estimate of the sampled chan- 
nel frequency response without first determining the time-domain equalizer setting. As an 
example, in the case of an MMSE equalizer the frequency-domain filter taps can be 
calculated according to: 
H* 
WwW. = —— (4.5) 
|Ax| + No 

where No is the noise power and H, is the sampled channel frequency response. For large 
equalizer lengths, this calculation is of much lower complexity compared to the time-domain 
calculation discussed in the previous section. 

The drawback of cyclic-prefix insertion in the case of single-carrier transmission is the same 
as for OFDM—that is, it implies an overhead in terms of both power and bandwidth. One method 
to reduce the relative cyclic-prefix overhead is to increase the block size-N of the frequency- 
domain equalizer. However, for the block-wise equalization to be accurate, the channel 
needs to be approximately constant over a time span corresponding to the size of the processing 
block. This constraint provides an upper limit on the block size-N that depends on the rate of 
the channel variations. Note that this is similar to the constraint on the OFDM subcarrier 
spacing Af = 1/7, depending on the rate of the channel variations, as discussed in Chapter 3. 


4.1.3 Other equalizer strategies 


The previous sections discussed different approaches to linear equalization as a means to 
counteract signal corruption of a wideband signal due to radio-channel frequency selectivity. 
However, there are also other approaches to equalization: 


¢ Decision-Feedback Equalization (DFE) [12] implies that previously detected symbols 
are fed back and used to cancel the contribution of the corresponding transmitted 
symbols to the overall signal corruption. Such decision feedback is typically used in 
combination with time-domain linear filtering, where the linear filter transforms the 
channel response to a shape that is more suitable for the decision-feedback stage. 
Decision feedback can also very well be used in combination with frequency-domain 
linear equalization [24]. 

¢ Maximum-Likelihood (ML) detection, also known as Maximum-Likelihood Sequence 
Estimation (MLSE) [25], is strictly speaking not an equalization scheme but rather a 
receiver approach where the impact of radio-channel time dispersion is explicitly taken 
into account in the receiver-side detection process. Fundamentally, an ML detector uses 
the entire received signal to decide on the most likely transmitted sequence, taking into 
account the impact of the time dispersion on the received signal. To implement 
maximum-likelihood detection the Viterbi algorithm [26] is often used.! However, 
although maximum-likelihood detection based on the Viterbi algorithm has been 


'The term Viterbi equalizer is sometimes used for the ML detector. 
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FIGURE 4.6 
Orthogonal multiple access: (a) TDMA and (b) FDMA 


extensively used for 2G mobile communication such as GSM, it can be too complex 
when applied to much wider transmission bandwidths, leading to both much more 
extensive channel frequency selectivity and much higher sampling rates. 


4.2 Uplink FDMA with flexible bandwidth assignment 


In practice, there are often multiple terminals within a cell and thus multiple terminals that 
should share the overall uplink radio resource within the cell by means of the uplink intra-cell 
multiple-access scheme. 

In mobile communication based on WCDMA and CDMA2000, uplink transmissions 
within a cell are mutually non-orthogonal and the base-station receiver relies on the pro- 
cessing gain due to channel coding and additional direct-sequence spreading to suppress the 
intra-cell interference. Although non-orthogonal multiple access can, fundamentally, provide 
higher capacity compared to orthogonal multiple access, in practice the possibility for 
mutually orthogonal uplink transmissions within a cell is often beneficial from a system 
performance point of view. 

Mutually orthogonal uplink transmissions within a cell can be achieved in the time domain 
(Time-Division Multiple Access, TDMA), as illustrated in Figure 4.64. TDMA implies that 
different terminals within a cell transmit in different non-overlapping time intervals. In each 
such time interval, the full system bandwidth is then assigned for uplink transmission from a 
single terminal. 

Alternatively, mutually orthogonal uplink transmissions within a cell can be achieved in 
the frequency domain (Frequency-Division Multiple Access, FDMA), as illustrated in 
Figure 4.6b—that is, by having terminals transmit in different frequency bands. 

To be able to provide high-rate packet-data transmission, it should be possible to assign the 
entire system bandwidth for transmission from a single terminal. At the same time, due to the 
burstiness of most packet-data services, in many cases terminals will have no uplink data to 
transmit. Thus, for efficient packet-data access, a TDMA component should always be part of 
the uplink multiple-access scheme. 

However, relying on only TDMA to provide orthogonality between uplink transmissions 
within a cell could be bandwidth inefficient, especially in the case of a very wide overall system 
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FIGURE 4.7 
FDMA with flexible bandwidth assignment 


bandwidth. As discussed in Chapter 2, a wide bandwidth is needed to support high data rates in 
a power-efficient way. However, the data rates that can be achieved over a radio link are, in 
many cases, limited by the available signal power (power-limited operation) rather than by the 
available bandwidth. This is especially the case for the uplink, due to the generally more 
limited mobile-terminal transmit power. Allocating the entire system bandwidth to a single 
terminal could, in such cases, be highly inefficient in terms of bandwidth utilization. As an 
example, allocating 20 MHz of transmission bandwidth to a terminal in a scenario where the 
achievable uplink data rate, due to mobile-terminal transmit-power limitations, is limited to a 
few 100 kbit/s would obviously imply a very inefficient usage of the overall available band- 
width. In such cases, a smaller transmission bandwidth should be assigned to the terminal and 
the remaining part of the overall system bandwidth should be used for uplink transmissions 
from other terminals. In addition to TDMA, an uplink transmission scheme should preferably 
allow for orthogonal user multiplexing also in the frequency domain—that is, FDMA. 

At the same time, it should be possible to allocate the entire overall transmission band- 
width to a single terminal when the channel conditions are such that the wide bandwidth can 
be efficiently utilized—that is, when the achievable data rates are not power limited. Thus, an 
orthogonal uplink transmission scheme should allow for FDMA with flexible bandwidth 
assignment, as illustrated in Figure 4.7. 

Flexible bandwidth assignment is straightforward to achieve with an OFDM-based uplink 
transmission scheme by dynamically allocating different numbers of subcarriers to different 
terminals depending on their instantaneous channel conditions. In the next section, it will be 
discussed how this can also be achieved in the case of low-PAPR “single-carrier’” trans- 
mission, more specifically by means of so-called DFT-spread OFDM. 


4.3 DFT-spread OFDM 


DFT-spread OFDM (DFTS-OFDM) is a transmission scheme that can combine the desired 
properties discussed in the previous sections: 


e Small variations in the instantaneous power of the transmitted signal (“‘single-carrier” 
property). 

¢ Possibility for low-complexity high-quality equalization in the frequency domain. 

¢ Possibility for FDMA with flexible bandwidth assignment. 
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FIGURE 4.8 
DFTS-OFDM signal generation 


Due to these properties, DFTS-OFDM is, for example, used for uplink data transmission 
in LTE. 


4.3.1 Basic principles 


The basic principle of DFTS-OFDM transmission is illustrated in Figure 4.8. One way to 
interpret DFTS-OFDM is as normal OFDM with a DFT-based precoding. Similar to OFDM 
modulation, DFTS-OFDM relies on block-based signal generation. In the case of 
DFTS-OFDM, a block of M modulation symbols from some modulation alphabet, for example 
QPSK or 16QAM,, is first applied to a size-M DFT. The output of the DFT is then applied to 
consecutive inputs (subcarriers) of an OFDM modulator where, in practice, the OFDM 
modulator will be implemented as a size-N inverse DFT (IDFT) with N > M and where the 
unused inputs of the IDFT are set to zero. Typically, the IDFT size-N is selected as N = 2” for 
some integer 7 to allow for the IDFT to be implemented by means of computationally efficient 
radix-2 IFFT processing. Also, similar to normal OFDM, a cyclic prefix is preferably inserted 
for each transmitted block. As discussed in Section 4.1.2, the presence of a cyclic prefix allows 
for straightforward low-complexity frequency-domain equalization at the receiver side. 

If the DFT size-M equals the IDFT size-N, the cascaded DFT/IDFT processing would 
completely cancel each other out. However, if M is smaller than N and the remaining inputs to 
the IDFT are set to zero, the output of the IDFT will be a signal with “single-carrier” prop- 
erties—that is, a signal with low power variations, and with a bandwidth that depends on M. 
More specifically, assuming a sampling rate f, at the output of the IDFT, the nominal 
bandwidth of the transmitted signal will be BW = MIN - f;. Thus, by varying the block size-M 
the instantaneous bandwidth of the transmitted signal can be varied, allowing for 
flexible-bandwidth assignment. Furthermore, by shifting the IDFT inputs to which the DFT 
outputs are mapped, the transmitted signal can be shifted in the frequency domain, as will be 
further discussed in Section 4.3.3. 
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PAPR distribution for DFTS-OFDM and OFDM, respectively. Solid curve: QPSK. Dashed curve: 16QAM 


To have a high degree of flexibility in the instantaneous bandwidth, given by the DFT size-M, 
it is typically not possible to ensure that M can be expressed as 2” for some integer m. 
However, as long as M can be expressed as a product of relatively small prime numbers, the 
DFT can still be implemented as relatively low-complexity non-radix-2 FFT processing. As 
an example, a DFT size-M = 144 can be implemented by means of a combination of radix-2 
and radix-3 FFT processing (144 = 3° - 2°). 

The main benefit of DFTS-OFDM, compared to normal OFDM, is reduced variations in the 
instantaneous transmission power, implying the possibility for increased power-amplifier ef- 
ficiency. This benefit of DFTS-OFDM is shown in Figure 4.9, which illustrates the distribution 
of the Peak-to-Average-power Ratio (PAPR) for DFTS-OFDM and conventional OFDM. The 
PAPR is defined as the peak power within one DFT block (one OFDM symbol) normalized by 
the average signal power. It should be noted that the PAPR distribution is not the same as the 
distribution of the instantaneous transmission power illustrated in Figure 2.3. Historically, 
PAPR distributions have often been used to illustrate the power variations of OFDM. 

As can be seen in Figure 4.9, the PAPR is significantly lower for DFTS-OFDM, compared 
to OFDM. In the case of 16QAM modulation, the PAPR of DFTS-OFDM increases somewhat 
as expected (compare Figure 2.3). On the other hand, in the case of OFDM the PAPR dis- 
tribution is more or less independent of the modulation scheme. The reason is that, as the 
transmitted OFDM signal is the sum of a large number of independently modulated sub- 
carriers, the instantaneous power has an approximately exponential distribution, regardless of 
the modulation scheme applied to the different subcarriers. 

Although the PAPR distribution can be used to qualitatively illustrate the difference in 
power variations between different transmission schemes, it is not a very good measure to 
more accurately quantify the impact of the power variations on, for example, the required 
power-amplifier back-off. 
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Basic principle of DFTS-OFDM demodulation 


A better measure of the impact on the required power-amplifier back-off and the corre- 
sponding impact on the power-amplifier efficiency is given by the so-called cubic metric [27]. 
The cubic metric is a measure of the amount of additional back-off needed for a certain signal 
waveform, relative to the back-off needed for some reference waveform. 

As can be seen in Figure 4.9, the cubic metric (given to the right of the graph) follows the 
same trend as the PAPR. However, the differences in the cubic metric are somewhat smaller 
than the corresponding differences in the PAPR. 


4.3.2 DFTS-OFDM receiver 


The basic principle of demodulation of a DFTS-OFDM signal is illustrated in Figure 4.10. 
The operations are basically the reverse of those for the DFTS-OFDM signal generation of 
Figure 4.8—that is, size-N DFT (FFT) processing, removal of the frequency samples not 
corresponding to the signal to be received, and size-M inverse DFT processing. 

In the ideal case, with no signal corruption on the radio channel, DFTS-OFDM demod- 
ulation according to Figure 4.10 will perfectly restore the block of transmitted symbols. 
However, in the case of a time-dispersive or, equivalently, a frequency-selective radio 
channel, the DFTS-OFDM signal will be corrupted, with “self-interference” as a conse- 
quence. This can be understood in two ways: 


¢ Being a wideband single-carrier signal, the DFTS-OFDM spread signal is corrupted in 
the case of a time-dispersive channel. 

¢ If the channel is frequency selective over the span of the DFT, the inverse DFT at the 
receiver will not be able to correctly reconstruct the original block of transmitted 
symbols. 


Thus, in the case of DFTS-OFDM, an equalizer is needed to compensate for the radio- 
channel frequency selectivity. Assuming the basic DFTS-OFDM demodulator structure 
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FIGURE 4.11 
DFTS-OFDM demodulator with frequency-domain equalization 
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Uplink user multiplexing in the case of DFTS-OFDM. (a) Equal-bandwidth assignment and (b) 
unequal-bandwidth assignment 


according to Figure 4.10, frequency-domain equalization as discussed in Section 4.1.2 is 
especially applicable to DFTS-OFDM transmission (see Figure 4.11). 


4.3.3 User multiplexing with DFTS-OFDM 


As mentioned above, by dynamically adjusting the transmitter DFT size and, conse- 
quently, also the size of the block of modulation symbols ao,qy. ... , a@y—1, the nominal 
bandwidth of the DFTS-OFDM signal can also be dynamically adjusted. Furthermore, 
by shifting the IDFT inputs to which the DFT outputs are mapped, the exact frequency- 
domain “position” of the signal to be transmitted can be adjusted. By these means, 
DFTS-OFDM allows for uplink FDMA with flexible bandwidth assignment, as illustrated in 
Figure 4.12. 
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FIGURE 4.13 
Localized DFTS-OFDM vs. distributed DFTS-OFDM 
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FIGURE 4.14 
Spectrum of localized and distributed DFTS-OFDM signals 


Figure 4.12a illustrates the case of multiplexing the transmissions from two terminals with 
equal bandwidth assignments—that is, equal DFT sizes-M—while Figure 4.12b illustrates the 
case of differently sized bandwidth assignments. 


4.3.4 Distributed DFTS-OFDM 


What has been illustrated in Figure 4.8 can more specifically be referred to as Localized 
DFTS-OFDM, referring to the fact that the output of the DFT is mapped to consecutive inputs 
of the OFDM modulator. An alternative is to map the output of the DFT to equidistant inputs 
of the OFDM modulator with zeros inserted in between, as illustrated in Figure 4.13. This can 
also be referred to as Distributed DFTS-OFDM. 

Figure 4.14 illustrates the basic structure of the transmitted spectrum for localized and 
distributed DFTS-OFDM respectively. Although the spectrum of the localized DFTS-OFDM 
signal clearly indicates a single-carrier transmission, this is not as clearly seen from the 
spectrum of the distributed DFTS-OFDM signal. However, it can be shown that a distributed 
DFTS-OFDM signal has similar power variations as a localized DFTS-OFDM. Actually, it 
can be shown that a distributed DFTS-OFDM signal is equivalent to so-called Interleaved 
FDMA (IFDMA) [28]. The benefit of distributed DFTS-OFDM, compared to localized 
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FIGURE 4.15 
User multiplexing in the case of localized and distributed DFTS-OFDM 


DFTS-OFDM, is the possibility of additional frequency diversity as even a low-rate 
distributed DFTS-OFDM signal (small DFT size-M) can be spread over a potentially very 
large overall transmission bandwidth. 

User multiplexing in the frequency domain as well as flexible bandwidth allocation is also 
possible in the case of distributed DFTS-OFDM. However, the different users are interleaved 
in the frequency domain, as illustrated in the right part of Figure 4.15 (thus the alternative 
term “Interleaved FDMA’). As a consequence, distributed DFTS-OFDM is more sensitive to 
frequency errors and has higher requirements on power control, compared to localized 
DFTS-OFDM. This is similar to the case of localized OFDM vs. distributed OFDM as dis- 
cussed in Section 3.10. 
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Multi-Antenna Techniques 


Multi-antenna techniques can be seen as a joint name for a set of techniques with the common 
theme that they rely on the use of multiple antennas at the receiver and/or the transmitter, in 
combination with more or less advanced signal processing. Multi-antenna techniques can be 
used to achieve improved system performance, including improved system capacity (more 
users per cell) and improved coverage (possibility for larger cells), as well as improved 
service provisioning—for example, higher per-user data rates. This chapter will provide a 
general overview of different multi-antenna techniques. How multi-antenna techniques are 
specifically applied to LTE is discussed in more detail in Chapters 10 and 11. 


5.1 Multi-antenna configurations 


An important characteristic of any multi-antenna configuration is the distance between the 
different antenna elements, to a large extent due to the relation between the antenna distance 
and the mutual correlation between the radio-channel fading experienced by the signals at the 
different antennas. 

The antennas in a multi-antenna configuration can be located relatively far from each 
other, typically implying a relatively low mutual correlation. Alternatively, the antennas 
can be located relatively close to each other, typically implying a high mutual fading 
correlation—in essence, the different antennas experience the same, or at least very similar, 
instantaneous fading. Whether high or low correlation is desirable depends on what is to be 
achieved with the multi-antenna configuration (diversity, beam-forming, or spatial multi- 
plexing), as discussed further below. 

What actual antenna distance is needed for low (alternatively high) fading correlation 
depends on the wavelength or, equivalently, the carrier frequency used for the radio 
communication. However, it also depends on the deployment scenario. 

In the case of base-station antennas in typical macro-cell environments (relatively large 
cells, relatively high base-station antenna positions, etc.), an antenna distance of the order of 
10 wavelengths is typically needed to ensure a low mutual fading correlation. At the same 
time, for a terminal in the same kind of environment, an antenna distance of the order of only 
half a wavelength (0.5A) is often sufficient to achieve relatively low mutual correlation [29]. 
The reason for the difference between the base station and the terminal in this respect is that, 
in the macro-cell scenario, the multi-path reflections that cause the fading mainly occur in the 
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near-zone around the terminal. Thus, as seen from the terminal, the different paths will 
typically arrive from a wide angle, implying a low fading correlation already with a relatively 
small antenna distance. At the same time, as seen from the (macro-cell) base station the 
different paths will typically arrive within a much smaller angle, implying the need for 
significantly larger antenna distance to achieve low fading correlation. 

On the other hand, in other deployment scenarios, such as micro-cell deployments with 
base-station antennas below rooftop level and indoor deployments, the environment as seen 
from the base station is more similar to the environment as seen from the terminal. In such 
scenarios, a smaller base-station antenna distance is typically sufficient to ensure relatively 
low mutual correlation between the fading experienced by the different antennas. 

The above discussion assumed antennas with the same polarization direction. Another means 
to achieve low mutual fading correlation is to apply different polarization directions for the 
different antennas [29]. The antennas can then be located relatively close to each other, implying 
a compact antenna arrangement, while still experiencing low mutual fading correlation. 


5.2 Benefits of multi-antenna techniques 


The availability of multiple antennas at the transmitter and/or the receiver can be utilized in 
different ways to achieve different aims: 


e Multiple antennas at the transmitter and/or the receiver can be used to provide additional 
diversity against fading on the radio channel. In this case, the channels experienced by 
the different antennas should have low mutual correlation, implying the need for a 
sufficiently large inter-antenna distance (spatial diversity), or the use of different antenna 
polarization directions (polarization diversity). 

e Multiple antennas at the transmitter and/or the receiver can be used to “shape” the overall 
antenna beam (transmit beam and receive beam respectively) in a certain way—for 
example, to maximize the overall antenna gain in the direction of the target receiver/ 
transmitter or to suppress specific dominant interfering signals. Such beam-forming can 
be based either on high or low fading correlation between the antennas, as is further 
discussed in Section 5.4.2. 

e The simultaneous availability of multiple antennas at the transmitter and the receiver can 
be used to create what can be seen as multiple parallel communication “channels” over 
the radio interface. This provides the possibility for very high bandwidth utilization 
without a corresponding reduction in power efficiency or, in other words, the possibility 
for very high data rates within a limited bandwidth without a disproportionately large 
degradation in terms of coverage. Herein we will refer to this as spatial multiplexing. It is 


‘Although the term “arrive” is used above, the situation is exactly the same in the case of multiple transmit 
antennas. Thus, in the case of multiple base-station transmit antennas in a macro-cell scenario, the antenna 
distance typically needs to be a number of wavelengths to ensure low fading correlation while, in the case of 
multiple transmit antennas at the terminal, an antenna distance of a fraction of a wavelength is sufficient. 
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FIGURE 5.1 


Linear receive-antenna combining 


often also referred to as MIMO (Multi-Input Multi-Output) antenna processing. Spatial 
multiplexing is discussed in Section 5.5. 


5.3 Multiple receive antennas 


Perhaps the most straightforward and historically the most commonly used multi-antenna 
configuration is multiple antennas at the receiver side. This is often referred to as receive 
diversity or Rx diversity even if the aim of the multiple receive antennas is not always to 
achieve additional diversity against radio-channel fading. 

Figure 5.1 illustrates the basic principle of linear combination of signals rj, ..., Tv, 
received at Np different antennas, with the received signals being multiplied by complex 
weight factors w}...wy, before being added together. In vector notation this linear receive- 
antenna combination can be expressed as:* 


r| 
c= [ww] a ee (5.1) 
Ne 


What is outlined in (5.1) and Figure 5.1 is linear receive-antenna combination in 
general. Different specific antenna-combining approaches vary in the exact choice of the 
weight vector W. 

Assuming that the transmitted signal is only subject to non-frequency-selective fading and 
white noise—that is, there is no radio-channel time dispersion—the signals received at the 
different antennas in Figure 5.1 can be expressed as: 


rl hy ny 7 
r= : = : “ot : =hs+n (5.2) 
TNe AN, NR 


Note that the weight factors are expressed as complex conjugates of w, ..., WNy 
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FIGURE 5.2 


Linear receive-antenna combining 


where s is the transmitted signal, the vector h consists of the Np complex channel gains, and 
the vector 7 consists of the noise impairing the signals received at the different antennas (see 
also Figure 5.2). 

One can easily show that, to maximize the signal-to-noise ratio after linear combination, 
the weight vector W should be selected as [12]: 


WMRC = h (5.3) 


This is also known as Maximum-Ratio Combination (MRC). The MRC weights fulfill two 
purposes: 


¢ phase rotate the signals received at the different antennas to compensate for the 
corresponding channel phases and ensure that the signals are phase aligned when added 
together (coherent combination); 

¢ weight the signals in proportion to their corresponding channel gains—that is, apply 
higher weights for stronger received signals. 


In the case of mutually uncorrelated antennas—sufficiently large antenna distances or 
different polarization directions—the channel gains /, ..., hy, are uncorrelated and the linear 
antenna combination provides diversity of order Np. In terms of receiver-side beam-forming, 
selecting the antenna weights according to (5.3) corresponds to a receiver beam with maximum 
gain Np in the direction of the target signal. Thus, the use of multiple receive antennas may 
increase the post-combiner signal-to-noise ratio in proportion to the number of receive antennas. 

MRC is an appropriate antenna-combining strategy when the received signal is mainly 
impaired by noise. However, in many cases of mobile communication the received signal is 
mainly impaired by interference from other transmitters within the system, rather than by noise. 
In a situation with a relatively large number of interfering signals of approximately equal 
strength, maximum-ratio combination is typically still a good choice as, in this case, the overall 
interference will appear relatively “noise-like” with no specific direction of arrival. However, in 
situations where there is a single dominating interferer (or, in the general case, a limited number 
of dominating interferers), as illustrated in Figure 5.3, improved performance can be achieved 
if, instead of selecting the antenna weights to maximize the received signal-to-noise ratio after 
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FIGURE 5.3 


Downlink scenario with a single dominating interferer (special case of only two receive antennas) 


antenna combination (MRC), the antenna weights are selected so that the interferer is sup- 
pressed. In terms of receiver-side beam-forming this corresponds to a receiver beam with high 
attenuation in the direction of the interferer, rather than focusing the receiver beam in the 
direction of the target signal. Applying receive-antenna combination with a target to suppress 
specific interferers is often referred to as Interference Rejection Combination (IRC) [30]. 

In the case of a single dominating interferer as outlined in Figure 5.3, expression (5.2) can 
be extended according to: 


T| hy hy n\ as = 
: : “s+ : “sp + : =h-st+hy-sy+n (5.4) 
Ne AN, hi Ne MNp 


“I 
I 
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where sj is the transmitted interferer signal and the vector /y consists of the complex channel 
gains from the interferer to the Np receive antennas. By applying expressions (5.1)—(5.4) it is 
clear that the interfering signal will be completely suppressed if the weight vector W is 
selected to fulfill the expression: 


w -h; = 0 (5.5) 


In the general case, (5.5) has Nr — 1 non-trivial solutions, indicating flexibility in the 
weight-vector selection. This flexibility can be used to suppress additional dominating 
interferers. More specifically, in the general case of Np receive antennas there is a possibility 
to, at least in theory, completely suppress up to Nr — 1 separate interferers. However, such 
a choice of antenna weights, providing complete suppression of a number of dominating 
interferers, may lead to a large, potentially very large, increase in the noise level after the 
antenna combination. This is similar to the potentially large increase in the noise level in the 
case of a Zero-Forcing equalizer as discussed in Chapter 4. 

Thus, similar to the case of linear equalization, a better approach is to select the antenna 
weight vector Ww to minimize the mean square error: 


e=E{|s—s|} (5.6) 


also known as Minimum Mean Square Error (MMSE) combination [22,29]. 
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FIGURE 5.4 


Receiver scenario with one strong interfering terminal: (a) intra-cell interference and (b) inter-cell 
interference 
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Although Figure 5.3 illustrates a downlink scenario with a dominating interfering base 
station, IRC can also be applied to the uplink to suppress interference from specific 
terminals. In this case, the interfering terminal may either be in the same cell as the target 
terminal (intra-cell interference) or in a neighboring cell (inter-cell interference) 
(see Figure 5.4a and b respectively). Suppression of intra-cell interference is relevant in the 
case of a non-orthogonal uplink—that is, when multiple terminals are transmitting simul- 
taneously using the same time-frequency resource. Uplink intra-cell-interference 
suppression by means of IRC is sometimes also referred to as Spatial-Division Multiple 
Access (SDMA) [31,32]. 

As discussed in Chapter 2, in practice a radio channel is always subject to at least some 
degree of time dispersion or, equivalently, frequency selectivity, causing corruption to a 
wideband signal. As discussed in Chapter 4, one method to counteract such signal corruption 
is to apply linear equalization, either in the time or frequency domain. 

It should be clear from the discussion above that linear receive-antenna combination has 
many similarities to linear equalization: 


e Linear time-domain (frequency-domain) filtering/equalization as described in Chapter 4 
implies that linear processing is applied to signals received at different time instances 
(different frequencies) with a target to maximize the post-equalizer SNR (MRC-based 
equalization), or to suppress signal corruption due to radio-channel frequency selectivity 
(zero-forcing equalization, MMSE equalization, etc.). 

e Linear receive-antenna combination implies that linear processing is applied to signals 
received at different antennas—that is, processing in the spatial domain—with a target to 
maximize the post-combiner SNR (MRC-based combination), or to suppress specific 
interferers (IRC based on e.g. MMSE). 


Thus, in the general case of frequency-selective channel and multiple receive antennas, 
two-dimensional time/space linear processing/filtering can be applied as illustrated in 
Figure 5.5, where the linear filtering can be seen as a generalization of the antenna weights of 
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FIGURE 5.5 


Two-dimensional space/time linear processing (two receive antennas) 
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FIGURE 5.6 


Two-dimensional space/frequency linear processing (two receive antennas) 


Figure 5.1. The filters should be jointly selected to minimize the overall impact of noise, 
interference, and signal corruption due to radio-channel frequency selectivity. 

Alternatively, especially in the case when cyclic-prefix insertion has been applied at the 
transmitter side, two-dimensional frequency/space linear processing can be applied, as 
illustrated in Figure 5.6. The frequency-domain weights should then be jointly selected to 
minimize the overall impact of noise, interference, and signal corruption due to radio-channel 
frequency selectivity. 

The frequency/space processing outlined in Figure 5.6, without the IDFT, is also appli- 
cable if receive diversity is to be applied to OFDM transmission. In the case of OFDM 
transmission, there is no signal corruption due to radio-channel frequency selectivity. Thus, 
the frequency-domain coefficients of Figure 5.6 can be selected taking into account only 
noise and interference. In principle, this means the antenna-combining schemes discussed 
above (MRC and IRC) are applied on a per-subcarrier basis. 

Note that, although Figures 5.5 and 5.6 assume two receive antennas, the corresponding 
receiver structures can straightforwardly be extended to more than two antennas. 
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5.4 Multiple transmit antennas 


As an alternative, or complement, to multiple receive antennas, diversity and beam-forming 
can also be achieved by applying multiple antennas at the transmitter side. The use of multiple 
transmit antennas is primarily of interest for the downlink—that is, at the base station. In this 
case, the use of multiple transmit antennas provides an opportunity for diversity and beam- 
forming without the need for additional receive antennas and corresponding additional 
receiver chains at the terminal. On the other hand, due to complexity the use of multiple 
transmit antennas for the uplink—that is, at the terminal—is less attractive. In this case, it is 
typically preferred to apply additional receive antennas and corresponding receiver chains at 
the base station. 


5.4.1 Transmit-antenna diversity 


If no knowledge of the downlink channels of the different transmit antennas is available at the 
transmitter, multiple transmit antennas cannot provide beam-forming, but only diversity. For 
this to be possible, there should be low mutual correlation between the channels of the 
different antennas. As discussed in Section 5.1, this can be achieved by means of a sufficiently 
large distance between the antennas, or by the use of different antenna polarization directions. 
Assuming such antenna configurations, different approaches can be taken to realize the 
diversity offered by the multiple transmit antennas. 


5.4.1.1 Delay diversity 

As discussed in Chapter 2, a radio channel subject to time dispersion, with the transmitted 
signal propagating to the receiver via multiple, independently fading paths with different 
delays, provides the possibility for multi-path diversity or, equivalently, frequency diversity. 
Thus, multi-path propagation is actually beneficial in terms of radio-link performance, 
assuming that the amount of multi-path propagation is not too extensive and that the trans- 
mission scheme includes tools to counteract signal corruption due to the radio-channel 
frequency selectivity—for example, by means of OFDM transmission or the use of advanced 
receiver-side equalization. 

If the channel in itself is not time dispersive, the availability of multiple transmit antennas 
can be used to create artificial time dispersion or, equivalently, artificial frequency selectivity 
by transmitting identical signals with different relative delays from the different antennas. In 
this way, the antenna diversity—that is, the fact that the fading experienced by the different 
antennas have low mutual correlation—can be transformed into frequency diversity. This 
kind of delay diversity is illustrated in Figure 5.7 for the special case of two transmit antennas. 
The relative delay T should be selected to ensure a suitable amount of frequency selectivity 
over the bandwidth of the signal to be transmitted. It should be noted that, although Figure 5.7 
assumes two transmit antennas, delay diversity can straightforwardly be extended to more 
than two transmit antennas with different relative delays for each antenna. 
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Two-antenna delay diversity 
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FIGURE 5.8 
Two-antenna Cyclic-Delay Diversity (CDD) 


Delay diversity is in essence invisible to the terminal, which will simply see a single radio 
channel subject to additional time dispersion. Delay diversity can straightforwardly be 
introduced in an existing mobile-communication system without requiring any specific 
support in a corresponding radio-interface standard. Delay diversity is also applicable to 
basically any kind of transmission scheme that is designed to handle and benefit from 
frequency-selective fading. 


5.4.1.2 Cyclic-delay diversity 

Cyclic-Delay Diversity (CDD) [33] is similar to delay diversity with the main difference that 
cyclic-delay diversity operates block-wise and applies cyclic shifts, rather than linear delays, 
to the different antennas (see Figure 5.8). Thus, cyclic-delay diversity is applicable to block- 
based transmission schemes such as OFDM and DFTS-OFDM. 

In the case of OFDM transmission, a cyclic shift of the time-domain signal corresponds to a 
frequency-dependent phase shift before OFDM modulation, as illustrated in Figure 5.8b. 
Similar to delay diversity, this will create artificial frequency selectivity as seen by the receiver. 

Also similar to delay diversity, CDD can straightforwardly be extended to more than two 
transmit antennas with different cyclic shifts for each antenna. 
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FIGURE 5.9 
Space-Time Transmit Diversity (STTD) 


5.4.2 Means of space-time coding 


Space-time coding is a general term used to indicate multi-antenna transmission schemes where 
modulation symbols are mapped in the time and spatial (transmit-antenna) domain to capture the 
diversity offered by the multiple transmit antennas. Two-antenna space-time block coding 
(STBC), more specifically a scheme referred to as Space-Time Transmit Diversity (STTD), has 
been part of the 3G WCDMA standard already from its first release [34]. 

As shown in Figure 5.9, STTD operates on pairs of modulation symbols. The modulation 
symbols are directly transmitted on the first antenna. However, on the second antenna the 
order of the modulation symbols within a pair is reversed. Furthermore, the modulation 
symbols are sign-reversed and complex-conjugated, as illustrated in Figure 5.9. 

In vector notation, STTD transmission can be expressed as: 


_ ron hy |) ( S2n ) = 
r= — . -— AS 5.7 
G2) (i i) \ Sai °e 


where r2,, and 72,41 are the received symbols in absence of noise during the symbol intervals 
2n and 2n + | respectively.* It should be noted that this expression assumes that the channel 
coefficients h; and hz are constant over the time corresponding to two consecutive symbol 
intervals, an assumption that is typically valid. As the matrix His a scaled unitary matrix, the 
sent symbols s2,, and s2,1 can be recovered from the received symbols 72, and 72,41, without 
any interference between the symbols, by applying the matrix W = H_' to the vector 7. 

The two-antenna space-time coding of Figure 5.9 can be said to be of rate one, implying 
that the input symbol rate is the same as the symbol rate at each antenna, corresponding to a 
bandwidth utilization of 1. Space-time coding can also be extended to more than two an- 
tennas. However, in the case of complex-valued modulation, such as QPSK or 16/64QAM, 
space-time codes of rate one without any inter-symbol interference (orthogonal space-time 
codes) only exist for two antennas [35]. If inter-symbol interference is to be avoided in the 
case of more than two antennas, space-time codes with rate less than one must be used, 
corresponding to reduced bandwidth utilization. 


3Note that, for convenience, complex conjugates have been applied for the second elements of 7 and 5. 
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FIGURE 5.10 


Space—-Frequency Transmit Diversity assuming two transmit antennas 


5.4.2.1 Diversity by means of space-frequency coding 
Space—frequency block coding (SFBC) is similar to space-time block coding, with the dif- 
ference that the encoding is carried out in the antenna/frequency domains rather than in the 
antenna/time domains. Thus, space—frequency coding is applicable to OFDM and other 
“frequency-domain” transmission schemes. The space—frequency equivalence to STTD 
(which could also be referred to as Space—Frequency Transmit Diversity, SFTD) is illustrated 
in Figure 5.10. The block of (frequency-domain) modulation symbols ag, aj, a2, a3, ... iS 
directly mapped to OFDM carriers of the first antenna, while the block of symbols 
—dj},4 9, —@3, a; is mapped to the corresponding subcarriers of the second antenna. 

Similar to space-time coding, the drawback of space—frequency coding is that there is no 
straightforward extension to more than two antennas unless a rate reduction is acceptable. 

Comparing Figure 5.10 with the right-hand side of Figure 5.8, it can be noted that the 
difference between SFBC and two-antenna cyclic-delay diversity in essence lies in how 
the block of frequency-domain modulation symbols are mapped to the second antenna. The 
benefit of SFBC compared to CDD is that SFBC provides diversity at modulation-symbol 
level while CDD, in the case of OFDM, must rely on channel coding in combination with 
frequency-domain interleaving to provide diversity. 


5.4.3 Transmitter-side beam-forming 


If some knowledge of the downlink channels of the different transmit antennas (more spe- 
cifically, some knowledge of the relative channel phases) is available at the transmitter side, 
multiple transmit antennas can, in addition to diversity, also provide beam-forming—the 
shaping of the overall antenna beam in the direction of a target receiver. In general, such 
beam-forming can increase the signal strength at the receiver with up to a factor Nr—that is, 
in proportion to the number of transmit antennas. When discussing transmission schemes 


ee 
74 CHAPTER 5 Multi-Antenna Techniques 


Fraction of a wavelength 


() signal to be transmitted 
FIGURE 5.11 


Classical beam-forming with high mutual antennas correlation: (a) antenna configuration and (b) 
beam-structure 
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FIGURE 5.12 


Precoder-based beam-forming in case of low mutual antenna correlation 


relying on multiple transmit antennas to provide beam-forming, one can distinguish between 
the cases of high and low mutual antenna correlation respectively. 

High mutual antenna correlation typically implies an antenna configuration with a small 
inter-antenna distance, as illustrated in Figure 5.11a. In this case, the channels between the 
different antennas and a specific receiver are essentially the same, including the same radio- 
channel fading, except for a direction-dependent phase difference. The overall transmission 
beam can then be steered in different directions by applying different phase shifts to the 
signals to be transmitted on the different antennas, as illustrated in Figure 5.11b. 

This approach to transmitter-side beam-forming, with different phase shifts applied to 
highly correlated antennas, is sometimes referred to as “classical” beam-forming. Due to the 
small antenna distance, the overall transmission beam will be relatively wide and any ad- 
justments of the beam direction—in practice, adjustments of the antenna phase shifts—will 
typically be carried out on a relatively slow basis. The adjustments could, for example, be 
based on estimates of the direction to the target terminal derived from uplink measurements. 
Furthermore, due to the assumption of high correlation between the different transmit an- 
tennas, classical beam-forming cannot provide any diversity against radio-channel fading but 
only an increase of the received signal strength. 

Low mutual antenna correlation typically implies either a sufficiently large antenna dis- 
tance, as illustrated in Figure 5.12, or different antenna polarization directions. With low 
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mutual antenna correlation, the basic beam-forming principle is similar to that of 
Figure 5.11— that is, the signals to be transmitted on the different antennas are multiplied by 
different complex weights. However, in contrast to classical beam-forming, the antenna 
weights should now take general complex values and both the phase and the amplitude of the 
signals to be transmitted on the different antennas can be adjusted. This reflects the fact that, 
due to the low mutual antenna correlation, both the phase and the instantaneous gain of the 
channels of each antenna may differ. 

Applying different complex weights to the signals to be transmitted on the different an- 
tennas can be expressed, in vector notation, as applying a precoding vector V to the signal to 
be transmitted, according to: 

S] Yq 
5= : a : J-s=vrs (5.8) 
SN; VNr 


It should be noted that classical beam-forming according to Figure 5.11 can also be described 
according to (5.8)—that is, as transmit-antenna precoding—with the constraint that the 
antenna weights are limited to unit gain and only provide phase shifts to the different transmit 
antennas. 

Assuming that the signals transmitted from the different antennas are only subject to non- 
frequency-selective fading and white noise—that is, there is no radio-channel time dis- 
persion—it can be shown [36] that, in order to maximize the received signal power, the 
precoding weights should be selected according to: 


hi 


[SON, 2 
lhe 


That is, as the complex conjugate of the corresponding channel coefficient h; and with a 
normalization to ensure a fixed overall transmit power. The precoding vector thus: 


(5.9) 


Vi= 


¢ phase rotates the transmitted signals to compensate for the instantaneous channel phase 
and ensure that the received signals are received phase aligned; 

¢ allocates power to the different antennas with, in general, more power being allocated to 
antennas with good instantaneous channel conditions (high channel gain |h;|); 

* ensures an overall unit (or any other constant) transmit power. 


A key difference between classical beam-forming according to Figure 5.11, assuming high 
mutual antenna correlation, and beam-forming according to Figure 5.12, assuming low 
mutual antenna correlation, is that, in the latter case, there is a need for more detailed channel 
knowledge, including estimates of the instantaneous channel fading. Updates to the precoding 
vector are thus typically done on a relatively short time scale to capture the fading variations. 
As the adjustment of the precoder weights takes into account the instantaneous fading, 
including the instantaneous channel gain, fast beam-forming according to Figure 5.12 also 
provides diversity against radio-channel fading. 
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FIGURE 5.13 


Per-subcarrier precoding in case of OFDM (two transmit antennas) 


Furthermore, at least in the case of communication based on Frequency-Division Duplex 
(FDD), with uplink and downlink communication taking place in different frequency bands, 
the fading is typically uncorrelated between the downlink and uplink. Thus, in the case of 
FDD, only the terminal can determine the downlink fading. The terminal would then report an 
estimate of the downlink channel to the base station by means of uplink signaling. Alter- 
natively, the terminal may, in itself, select a suitable precoding vector from a limited set of 
possible precoding vectors, the so-called precoder codebook, and report this to the base 
station. 

On the other hand, in the case of Time-Division Duplex (TDD), with uplink and downlink 
communication taking place in the same frequency band but in separate non-overlapping time 
slots, there is typically a high fading correlation between the downlink and uplink. In this 
case, the base station could, at least in theory, determine the instantaneous downlink fading 
from measurements on the uplink, thus avoiding the need for any feedback. Note, however, 
that this assumes that the terminal is continuously transmitting on the uplink. 

The above discussion assumed that the channel gain was constant in the frequency 
domain—that is, there was no radio-channel frequency selectivity. In the case of a frequency- 
selective channel there is not a single channel coefficient per antenna, based on which the an- 
tenna weights can be selected according to (5.9). However, in the case of OFDM transmission, 
each subcarrier will typically experience a frequency-non-selective channel, thus the pre- 
coding of Figure 5.12 can be carried out on a per-subcarrier basis as outlined in Figure 5.13, 
where the precoding weights of each subcarrier should be selected according to (5.9). 

It should be pointed out that in the case of single-carrier transmission the one-weight- 
per-antenna approach outlined in Figure 5.12 can be extended to also take into account a 
time-dispersive/frequency-selective channel [37]. 


ne 0 
5.5 Spatial multiplexing 77 


5.5 Spatial multiplexing 


The use of multiple antennas at both the transmitter and the receiver can simply be seen as a 
tool to further improve the signal-to-noise/interference ratio and/or achieve additional di- 
versity against fading, compared to the use of only multiple receive antennas or multiple 
transmit antennas. However, in the case of multiple antennas at both the transmitter and 
the receiver there is also the possibility for so-called spatial multiplexing, allowing for more 
efficient utilization of high signal-to-noise/interference ratios and significantly higher data 
rates over the radio interface. 


5.5.1 Basic principles 


It should be clear from the previous sections that multiple antennas at the receiver and 
the transmitter can be used to improve the receiver signal-to-noise ratio in proportion 
to the number of antennas by applying beam-forming at the receiver and the transmitter. 
In the general case of Ny transmit antennas and Ne receive antennas, the receiver signal-to- 
noise ratio can be made to increase in proportion to the product Ny x Nr. As discussed in 
Chapter 2, such an increase in the receiver signal-to-noise ratio allows for a corresponding 
increase in the achievable data rates, assuming that the data rates are power limited rather 
than bandwidth limited. However, once the bandwidth-limited range of operation is 
reached, the achievable data rates start to saturate unless the bandwidth is also allowed to 
increase. 

One way to understand this saturation in achievable data rates is to consider the basic 
expression for the normalized channel capacity: 


Cc S 
—— =| 14+— 1 
Bw o82( + 5) (5.10) 


where, by means of beam-forming, the signal-to-noise ratio S/N can be made to grow 
proportionally to Ny x Np. In general, logo(1 + x) is proportional to x for small x, implying 
that, for low signal-to-noise ratios, the capacity grows approximately proportionally to 
the signal-to-noise ratio. However, for larger x, logo(1 + x) = logo(x), implying that, for 
larger signal-to-noise ratios, capacity grows only logarithmically with the signal-to-noise 
ratio. 

In the case of multiple antennas at the transmitter and the receiver it is, under certain 
conditions, possible to create up to N, = min{ Ny, Ne} parallel “channels” each with Ny, times 
lower signal-to-noise ratio (the signal power is “split” between the channels)—that is, with a 
channel capacity: 


Cc Nr S 
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As there are now N_ parallel channels, each with a channel capacity given by (5.11), the 
overall channel capacity for such a multi-antenna configuration is given by: 


(5.12) 
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Thus, under certain conditions, the channel capacity can be made to grow essentially linearly 
with the number of antennas, avoiding the saturation in the data rates. We will refer to this as 
Spatial Multiplexing. The term MIMO (Multiple-Input/Multiple-Output) antenna processing 
is also very often used, although the term strictly speaking refers to all cases of multiple 
transmit antennas and multiple receive antennas, including the case of combined transmit and 
receive diversity.* 

To understand the basic principles of how multiple parallel channels can be created in the 
case of multiple antennas at the transmitter and the receiver, consider a 2 x 2 antenna 
configuration—that is, two transmit antennas and two receive antennas—as outlined in 
Figure 5.14. Furthermore, assume that the transmitted signals are only subject to non- 
frequency-selective fading and white noise—there is no radio-channel time dispersion. 

Based on Figure 5.14, the received signals can be expressed as: 


~ {n\_f{ma m2\ fs nm \ —w<i< 
r= (1) = (i i (2)+(")=# s+in (5.13) 


where H is the 2 x 2 channel matrix. This expression can be seen as a generalization of (5.2) 
in Section 5.3 to multiple transmit antennas, with different signals being transmitted from the 
different antennas. 


“The case of a single transmit antenna and multiple receive antennas is, consequently, often referred to as SIMO 
(Single-Input/Multiple-Output). Similarly, the case of multiple transmit antennas and a single receiver antenna 
can be referred to as MISO (Multiple-Input/Single-Output). 
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FIGURE 5.15 


Linear reception/demodulation of spatially multiplexed signals 


Assuming no noise and that the channel matrix H is invertible, the vector 5, and thus both 
signals s; and s2, can be perfectly recovered at the receiver, with no residual interference 
between the signals, by multiplying the received vector 7 with a matrix W = H™': 


‘1 )=w-r= (31) +H a (5.14) 
2 


Although the vector 5 can be perfectly recovered in the case of no noise, as long as the channel 
matrix H is invertible, (5.14) also indicates that the properties of H will determine to what 
extent the joint demodulation of the two signals will increase the noise level. More specif- 
ically, the closer the channel matrix is to being a singular matrix, the larger the increase in the 
noise level. 

One way to interpret the matrix W is to realize that the signals transmitted from the two 
transmit antennas are two signals causing interference to each other. The two receive antennas 
can then be used to carry out IRC, in essence completely suppressing the interference from 
the signal transmitted on the second antenna when detecting the signal transmitted at the first 
antenna and vice versa. The rows of the receiver matrix W simply implement such IRC. 

In the general case, a multiple-antenna configuration will consist of Ny transmit antennas 
and Np receive antennas. As discussed above, in such a case, the number of parallel signals 
that can be spatially multiplexed is, at least in practice, upper limited by N, = min{Nr, Ne}. 
This can intuitively be understood from the fact that: 


¢ No more than Nr different signals can be transmitted from Ny transmit antennas, 
implying a maximum of Ny spatially multiplexed signals. 

e With Np receive antennas, a maximum of Nr — | interfering signals can be suppressed, 
implying a maximum of Ne spatially multiplexed signals. 


However, in many cases, the number of spatially multiplexed signals, or the order of the 
spatial multiplexing, will be less than Ny given above: 


e In the case of very bad channel conditions (low signal-to-noise ratio) there is no gain 
of spatial multiplexing as the channel capacity is a linear function of the signal-to-noise 
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FIGURE 5.16 


Precoder-based spatial multiplexing 


ratio. In such a case, the multiple transmit and receive antennas should be used for beam- 
forming to improve the signal-to-noise ratio, rather than for spatial multiplexing. 

e In the more general case, the spatial-multiplexing order should be determined based 
on the properties of the size Np x Ny channel matrix. Any excess antennas should then 
be used to provide beam-forming. Such combined beam-forming and spatial 
multiplexing can be achieved by means of precoder-based spatial multiplexing, as 
discussed below. 


5.5.2 Precoder-based spatial multiplexing 


Linear precoding in the case of spatial multiplexing implies that linear processing by means 
of a size Nr x Nz precoding matrix is applied at the transmitter side, as illustrated in 
Figure 5.16. In line with the discussion above, in the general case Ny, is equal or smaller than 
Ny, implying that Ny signals are spatially multiplexed and transmitted using Ny transmit 
antennas. 

It should be noted that precoder-based spatial multiplexing can be seen as a generalization 
of precoder-based beam-forming as described in Section 5.4.3, with the precoding vector of 
size Ny x 1 replaced by a precoding matrix of size Ny x NL. 

The precoding of Figure 5.16 can serve two purposes: 


e In the case when the number of signals to be spatially multiplexed equals the number 
of transmit antennas (Nv = Ny), the precoding can be used to “orthogonalize” the parallel 
transmissions, allowing for improved signal isolation at the receiver side. 

e Inthe case when the number of signals to be spatially multiplexed is less than the number 
of transmit antennas (Ny < Ny), the precoding also provides the mapping of the Ny 
spatially multiplexed signals to the Ny transmit antennas, including the combination 
of spatially multiplexing and beam-forming. 


To confirm that precoding can improve the isolation between the spatially multiplexed 
signals, express the channel matrix H as its singular-value decomposition [38]: 


H=W-y-v# (5.15) 
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Orthogonalization of spatially multiplexed signals by means of precoding. ;; is the th singular value 
of the matrix H 


where the columns of Vand Weach form an orthonormal set and = is an Ny x Ny diagonal 
matrix with the VN; strongest singular values of H as its diagonal elements. By applying the 
matrix Vas precoding matrix at the transmitter side and the matrix WH at the receiver side, 
one arrives at an equivalent channel matrix H’ = > (see Figure 5.17). As H’ is a diagonal 
matrix, there is no interference between the spatially multiplexed signals at the receiver. At 
the same time, as both Vand W have orthonormal columns, the transmit power as well as the 
demodulator noise level (assuming spatially white noise) are unchanged. 

Clearly, in the case of precoding each received signal will have a certain “quality,” depending 
on the eigenvalues of the channel matrix (see right part of Figure 5.17). This indicates potential 
benefits of applying dynamic link adaptation in the spatial domain—that is, the adaptive 
selection of the coding rates and/or modulation schemes for each signal to be transmitted. 

As the precoding matrix will never perfectly match the channel matrix in practice, there 
will always be some residual interference between the spatially multiplexed signals. This 
interference can be taken care of by means of additional receiver-size linear processing 
according to Figure 5.15 or nonlinear processing as discussed in Section 5.5.3 below. 

To determine the precoding matrix V, knowledge about the channel matrix H is needed. 
Similar to precoder-based beam-forming, a common approach is to have the receiver estimate 
the channel and decide on a suitable precoding matrix from a set of available precoding 
matrices (the precoder codebook). The receiver then feeds back information about the 
selected precoding matrix to the transmitter. 


5.5.3 Nonlinear receiver processing 


The previous sections discussed the use of linear receiver processing to jointly recover 
spatially multiplexed signals. However, improved demodulation performance can be ach- 
ieved if nonlinear receiver processing can be applied in the case of spatial multiplexing. 

The “optimal” receiver approach for spatially multiplexed signals is to apply Maximum- 
Likelihood (ML) detection [25]. However, in many cases ML detection is too complex to use. 
Thus, several different proposals have been made for reduced complexity, almost ML, 
schemes (see, for example, [39]). 
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Single-codeword transmission (a) vs. multi-codeword transmission (b) 


Demodulation/decoding of first signal 
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Demodulation/decoding of spatially multiplexed signals based on successive interference 
cancellation 


Another nonlinear approach to the demodulation of spatially multiplexed signals is to 
apply Successive Interference Cancellation (SIC) [40]. Successive Interference Cancellation 
is based on an assumption that the spatially multiplexed signals are separately coded before 
the spatial multiplexing. This is often referred to as Multi-Codeword transmission, in contrast 
to Single-Codeword transmission where the spatially multiplexed signals are assumed to be 
jointly coded (Figure 5.18). It should be understood that, also in the case of multi-codeword 
transmission, the data may originate from the same source but is then demultiplexed into 
different signals to be spatially multiplexed before channel coding. 

As shown in Figure 5.19, in the case of successive interference cancellation the receiver 
first demodulates and decodes one of the spatially multiplexed signals. The corresponding 
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decoded data is then, if correctly decoded, re-encoded and subtracted from the received 
signals. A second spatially multiplexed signal can then be demodulated and decoded without, 
at least in the ideal case, any interference from the first signal—that is, with an improved 
signal-to-interference ratio. The decoded data of the second signal is then, if correctly 
decoded, re-encoded and subtracted from the received signal before decoding of a third 
signal. These iterations continue until all spatially multiplexed signals have been demodu- 
lated and decoded. 

Clearly, in the case of Successive Interference Cancellation, the first signals to be decoded 
are subject to higher interference levels, compared to later decoded signals. To work properly, 
there should be a differentiation in the robustness of the different signals with, at least in 
principle, the first signal to be decoded being more robust than the second signal, the second 
signal being more robust than the third signal, etc. Assuming multi-codeword transmission 
according to Figure 5.18b, this can be achieved by applying different modulation schemes 
and coding rates to the different signals with, typically, lower-order modulation and lower 
coding rate, implying a lower data rate, for the first signals to be decoded. This is often 
referred to as Per-Antenna Rate Control (PARC) [41]. 
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One key characteristic of mobile radio communication is the typically rapid and significant 
variations in the instantaneous channel conditions. There are several reasons for these vari- 
ations. Frequency-selective fading will result in rapid and random variations in the channel 
attenuation. Shadow fading and distance-dependent path loss will also significantly affect the 
average received signal strength. Finally, the interference at the receiver due to transmissions 
in other cells and by other terminals will also impact the interference level. Hence, to 
summarize, there will be rapid, and to some extent random, variations in the experienced 
quality of each radio link in a cell, variations that must be taken into account and preferably 
exploited. 

In this chapter, some of the techniques for handling variations in the instantaneous radio- 
link quality will be discussed. Channel-dependent scheduling in a mobile-communication 
system deals with the question of how to share the radio resource(s) available in the sys- 
tem between different users (different terminals) to achieve as efficient resource utilization as 
possible. Typically, this implies minimizing the amount of resources needed per user and thus 
allowing for as many users as possible in the system, while still satisfying whatever quality- 
of-service requirements that may exist. Closely related to scheduling is link adaptation, 
which deals with how to set the transmission parameters of a radio link to handle variations of 
the radio-link quality. 

Both channel-dependent scheduling and link adaptation try to exploit the channel varia- 
tions through appropriate processing prior to transmission of the data. However, due to the 
random nature of the variations in the radio-link quality, perfect adaptation to the instanta- 
neous radio-link quality is never possible. Hybrid ARQ, which requests retransmission of 
erroneously received data packets, is therefore useful. This can be seen as a mechanism for 
handling variations in the instantaneous radio-link quality after transmission and nicely 
complements channel-dependent scheduling and link adaptation. Hybrid ARQ also serves the 
purpose of handling random errors due to, for example, noise in the receiver. 


6.1 Link adaptation: power and rate control 
Historically, dynamic transmit-power control has been used in CDMA-based mobile- 
communication systems such as WCDMA and CDMA2000 to compensate for variations 
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(a) Power control (top) and (b) rate control (bottom) 


in the instantaneous channel conditions.’ As the name suggests, dynamic power control 
dynamically adjusts the radio-link transmit power to compensate for variations and differ- 
ences in the instantaneous channel conditions. The aim of these adjustments is to maintain a 
(near) constant E,/Npo at the receiver to successfully transmit data without the error probability 
becoming too high. In principle, transmit-power control increases the power at the transmitter 
when the radio link experiences poor radio conditions (and vice versa). Thus, the transmit 
power is in essence inversely proportional to the channel quality, as illustrated in Figure 6. 1a. 
This results in a basically constant data rate, regardless of the channel variations. For services 
such as circuit-switched voice, this is a desirable property. Transmit-power control can be 


‘Power control is also used in GSM, but operating on a much slower basis than CDMA-based systems. In 
CDMA-based systems, power control is also essential to handle the near-far problem and the associated 
performance impact from non-orthogonal uplink transmissions. 
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seen as one type of link adaptation—that is, the adjustment of transmission parameters, in this 
case the transmit power—to adapt to differences and variations in the instantaneous channel 
conditions to maintain the received E}/No at a desired level. 

However, in many cases of mobile communication, especially in the case of packet-data 
traffic, there is not a strong need to provide a certain constant data rate over a radio link. 
Rather, from a user perspective, the data rate provided over the radio interface should simply 
be as “high as possible.” Actually, even in case of typical “constant-rate” services such as 
voice and video (short-term), variations in the data rate are often not an issue, as long as the 
average data rate remains constant, assuming averaging over some relatively short time in- 
terval. In such cases—that is, when a constant data rate is not required—an alternative to 
transmit-power control is link adaptation by means of dynamic rate control. Rate control 
does not aim at keeping the instantaneous radio-link data rate constant, regardless of the 
instantaneous channel conditions. Instead, with rate control, the data rate is dynamically 
adjusted to compensate for the varying channel conditions. In situations with advantageous 
channel conditions, the data rate is increased, and vice versa. Thus, rate control maintains the 
E,/No ~ P/R at the desired level, not by adjusting the transmission power P, but rather by 
adjusting the data rate R. This is illustrated in Figure 6.1b. 

It can be shown that rate control is more efficient than power control [42,43]. Rate control 
in principle implies that the power amplifier is always transmitting at full power and therefore 
efficiently utilized. Power control, on the other hand, results in the power amplifier in most 
situations not being efficiently utilized as the transmission power is less than its maximum. 

In practice, the radio-link data rate is controlled by adjusting the modulation scheme and/or 
the channel coding rate. In the case of advantageous radio-link conditions, the E,/No at the 
receiver is high and the main limitation of the data rate is the bandwidth of the radio link. 
Hence, as discussed in Chapter 2, in such situations higher-order modulation, for example 
16QAM or 64QAM, together with a high code rate, is appropriate. Similarly, in the case of poor 
radio-link conditions, QPSK and low-rate coding is used. For this reason, link adaptation by 
means of rate control is sometimes referred to as Adaptive Modulation and Coding (AMC). 


6.2 Channel-dependent scheduling 


Scheduling controls the allocation of the shared resources among users at each time instant. It is 
closely related to link adaptation, and often scheduling and link adaptation are seen as one joint 
function. The scheduling principles, as well as which resources are shared between users, differ 
depending on the radio-interface characteristics—for example, whether uplink or downlink is 
considered and whether different users’ transmissions are mutually orthogonal or not. 


6.2.1 Downlink scheduling 


In the downlink, transmissions to different terminals within a cell are typically mutually 
orthogonal, implying that, at least in theory, there is no interference between the 
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transmissions (no intra-cell interference). Downlink intra-cell orthogonality can be achieved 
in the time domain (Time-Division Multiplexing, TDM), in the frequency domain (Frequency- 
Domain Multiplexing, FDM), or in the code domain (Code-Domain Multiplexing, CDM). In 
addition, the spatial domain can also be used to separate users, at least in a quasi-orthogonal 
way, through different antenna arrangements. This is sometimes referred to as Spatial- 
Division Multiplexing (SDM), although in most cases it is used in combination with one or 
several of the above multiplexing strategies. 

For packet data, where the traffic is often very bursty, it can be shown that TDM is 
preferable from a theoretical point of view [44,45] and is therefore typically the main 
component in the downlink [46,47]. However, as discussed in Chapter 3, the TDM component 
is often combined with sharing of the radio resource also in the frequency domain (FDM) or 
in the code domain (CDM). For example, in the case of HSPA [96], downlink multiplexing is 
a combination of TDM and CDM. On the other hand, in the case of LTE, downlink multi- 
plexing is a combination of TDM and FDM. The reasons for sharing the resources not only in 
the time domain will be elaborated upon later in this section. 

When transmissions to multiple users occur in parallel, either by using FDM or CDM, 
there is also an instantaneous sharing of the total available cell transmit power. In other words, 
not only are the time/frequency/code resources shared resources, but also the power resource 
in the base station. In contrast, in the case of sharing only in the time domain there is, by 
definition, only a single transmission at a time and thus no instantaneous sharing of the total 
available cell transmit power. 

For the purpose of this discussion, assume initially a TDM-based downlink with a single 
user being scheduled at a time. In this case, the utilization of the radio resources is maximized 
if, at each time instant, all resources are assigned to the user with the best instantaneous 
channel condition: 


e Inthe case of link adaptation based on power control, this implies that the lowest possible 
transmit power can be used for a given data rate and thus minimizes the interference 
to transmissions in other cells for a given link utilization. 

e In the case of link adaptation based on rate control, this implies that the highest data rate 
is achieved for a given transmit power or, in other words, for a given interference to 
other cells, the highest link utilization is achieved. 


However, if applied to the downlink, transmit-power control in combination with TDM 
scheduling implies that the total available cell transmit power will, in most cases, not be fully 
utilized. Thus, rate control is generally preferred [42,44,47,48]. 

The strategy outlined above is an example of channel-dependent scheduling, where the 
scheduler takes the instantaneous radio-link conditions into account. Scheduling the user with 
the instantaneously best radio-link conditions is often referred to as max-C/I (or maximum 
rate) scheduling. Since the radio conditions for the different radio links within a cell typically 
vary independently, at each point in time there is almost always a radio link whose channel 
quality is near its peak (see Figure 6.2). Thus, the channel eventually used for transmission 
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Channel-dependent scheduling 


will typically have a high quality and, with rate control, a correspondingly high data rate can 
be used. This translates into a high system capacity. The gain obtained by transmitting to 
users with favorable radio-link conditions is commonly known as multi-user diversity; the 
multi-user diversity gains are larger the larger the channel variations and the larger the 
number of users in a cell. Hence, in contrast to the traditional view that fast fading—rapid 
variations in the radio-link quality—is an undesirable effect that has to be combated, the 
possibility of channel-dependent scheduling implies that fading is in fact potentially bene- 
ficial and should be exploited. 

Mathematically, the max-C/I (maximum rate) scheduler can be expressed as scheduling 
user k given by: 


k = arg max R; 
l 


where R; is the instantaneous data rate for user i. Although, from a system capacity 
perspective, max-C/I scheduling is beneficial, this scheduling principle will not be fair in all 
situations. If all terminals are, on average, experiencing similar channel conditions and large 
variations in the instantaneous channel conditions are only due to, for example, fast multi- 
path fading, all users will experience the same average data rate. Any variations in the 
instantaneous data rate are rapid and often not even noticeable by the user. However, in 
practice different terminals will also experience differences in the (short-term) average 
channel conditions—for example, due to differences in the distance and shadow fading 
between the base station and the terminal. In this case, the channel conditions experienced 
by one terminal may, for a relatively long time, be worse than the channel conditions 
experienced by other terminals. A pure max-C/I-scheduling strategy may then “starve” the 
terminal with the bad channel conditions, and the terminal with bad channel conditions will 
never be scheduled. This is illustrated in Figure 6.3a, where a max-C/I scheduler is used to 
schedule between two different users with different average channel quality. The same user 
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Example of three different scheduling behaviors for two users with different average channel quality: 
(a) max C/I, (b) round robin, and (c) proportional fair. The selected user is shown with bold lines 


is scheduled virtually all the time. Although resulting in the highest system capacity, this 
situation is often not acceptable from a quality-of-service point of view. 

An alternative to the max-C/I scheduling strategy is so-called round-robin scheduling, 
illustrated in Figure 6.3b. This scheduling strategy lets users take turns in using the shared 
resources, without taking the instantaneous channel conditions into account. Round-robin 
scheduling can be seen as fair scheduling in the sense that the same amount of radio re- 
sources (the same amount of time) is given to each communication link. However, round- 
robin scheduling is not fair in the sense of providing the same service quality to all 
communication links. In that case more radio resources (more time) must be given to 
communication links with bad channel conditions. Furthermore, as round-robin scheduling 
does not take the instantaneous channel conditions into account in the scheduling process, 
it will lead to lower overall system performance but more equal service quality between 
different communication links, compared to max-C/I scheduling. 

Thus, what is needed is a scheduling strategy that is able to utilize the fast channel var- 
iations to improve the overall cell throughput while still ensuring the same average user 
throughput for all users (or at least a certain minimum user throughput for all users). When 
discussing and comparing different scheduling algorithms it is important to distinguish 
between different types of variations in the service quality: 


¢ Fast variations in the service quality corresponding to, for example, fast multi-path 
fading and fast variations in the interference level. For many packet-data applications, 
relatively large short-term variations in service quality are often acceptable or not even 
noticeable to the user. 
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¢ More long-term differences in the service quality between different communication links 
corresponding to, for example, differences in the distance to the cell site and shadow 
fading. In many cases there is a need to limit such long-term differences in service 
quality. 


A practical scheduler should thus operate somewhere in between the max-C/I scheduler 
and the round-robin scheduler—that is, try to utilize fast variations in channel conditions as 
much as possible while still satisfying some degree of fairness between users. 

One example of such a scheduler is the proportional-fair scheduler [49-51], illustrated in 
Figure 6.3c. In this strategy, the shared resources are assigned to the user with the relatively 
best radio-link conditions—that is, at each time instant, user k is selected for transmission 
according to: 

Rj 
k =arg max = 

i i 
where R; is the instantaneous data rate for user i and R; is the average data rate for user i. The 
average is calculated over a certain averaging period 7pp. To ensure efficient usage of 
the short-term channel variations and, at the same time, limit the long-term differences in 
service quality to an acceptable level, the time constant Tpg should be set longer than the time 
constant for the short-term variations. At the same time, 7pp should be sufficiently short so 
that quality variations within the interval 7pp are not strongly noticed by a user. Typically, Tpp 

can be set to be of the order of one second. 

In the above discussion, it was assumed that all the radio resources in the downlink were 
assigned to a single user at a time—that is, scheduling was done purely in the time domain 
using TDM between users. However, in several situations, TDM is complemented by CDM or 
FDM. In principle, there are two reasons for not relying solely on TDM in the downlink: 


¢ Inthe case of insufficient payload—that is, the amount of data to transfer to a user is not 
sufficiently large to utilize the full channel capacity, and a fraction of resources could be 
assigned to another user, either through FDM or CDM. 

¢ In the case where channel variations in the frequency domain are exploited through 
FDM, as discussed further below. 


The scheduling strategies in these cases can be seen as generalizations of the schemes 
discussed for the TDM-only cases above. For example, to handle small payloads a greedy 
filling approach can be used, where the scheduled user is selected according to max-C/I 
(or any other scheduling scheme). Once this user has been assigned resources matching 
the amount of data awaiting transmission, the second best user according to the scheduling 
strategy is selected and assigned (a fraction of) the residual resources and so on. 

Finally, it should also be noted that the scheduling algorithm typically is a base-station- 
implementation issue and nothing that is normally specified in any standard. What needs 
to be specified in a standard to support channel-dependent scheduling are channel-quality 
measurements/reports and the signaling needed for dynamic resource allocation. 
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6.2.2 Uplink scheduling 


The previous section discussed scheduling from a downlink perspective. However, scheduling 
is equally applicable to uplink transmissions and to a large extent the same principles can be 
considered, although there are some differences between the two. 

Fundamentally, the uplink power resource is distributed among the users, while in the 
downlink the power resource is centralized within the base station. Furthermore, the 
maximum uplink transmission power of a single terminal is typically much lower than 
the output power of a base station. This has a significant impact on the scheduling strategy. 
Unlike the downlink, where pure TDMA can often be used, uplink scheduling typically has to 
rely on sharing in the frequency and/or code domain in addition to the time domain, as a 
single terminal may not have sufficient power for efficiently utilizing the link capacity. 

Similar to the downlink case, channel-dependent scheduling is also beneficial in the uplink 
case. However, the characteristics of the underlying radio interface, most notably whether the 
uplink relies on orthogonal or non-orthogonal multiple access and the type of link adaptation 
scheme used, also have a significant impact on the uplink scheduling strategy. 

In the case of a non-orthogonal multiple-access scheme such as CDMA, power control is 
typically essential for proper operation. As discussed earlier in this chapter, the purpose of 
power control is to control the received F,/No such that the received information can be 
recovered. However, in a non-orthogonal multiple-access setting, power control also serves 
the purpose of controlling the amount of interference affecting other users. This can be 
expressed as the maximum tolerable interference level at the base station is a shared resource. 
Even if, from a single user’s perspective, it would be beneficial to transmit at full power to 
maximize the data rate, this may not be acceptable from an interference perspective as other 
terminals in this case may not be able to successfully transfer any data. Thus, with non- 
orthogonal multiple access, scheduling a terminal when the channel conditions are favor- 
able may not directly translate into a higher data rate as the interference generated to other 
simultaneously transmitting terminals in the cell must be taken into account. Stated differ- 
ently, the received power (and thus the data rate) is, thanks to power control, in principle 
constant, regardless of the channel conditions at the time of transmission, while the trans- 
mitted power depends on the channel conditions at the time of transmission. Hence, even 
though channel-dependent scheduling in this example does not give a direct gain in terms of a 
higher data rate from the terminal, channel-dependent scheduling will still provide a gain for 
the system in terms of lower intra-cell interference. 

The above discussion on non-orthogonal multiple access was simplified in the sense that 
no bounds on the terminals’ transmission power were assumed. In practice, the transmission 
power of a terminal is upper bounded, due both to implementation and regulatory reasons, 
and scheduling a terminal for transmission in favorable channel conditions decreases the 
probability that the terminal has insufficient power to utilize the channel capacity. 

In the case of an orthogonal multiple-access scheme, intra-cell power control is funda- 
mentally not necessary and the benefits of channel-dependent scheduling become more 
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similar to the downlink case. In principle, from an intra-cell perspective, a terminal can 
transmit at full power and the scheduler assigns a suitable part of the orthogonal resources 
(in practice a suitable part of the overall bandwidth) to the terminal for transmission. The 
remaining orthogonal resources can be assigned to other users. However, implementation 
constraints, for example leakage between the received signals or limited dynamic range in the 
receiver circuitry, may pose restrictions on the maximum tolerable power difference between 
the signals from simultaneously transmitting terminals. As a consequence, a certain degree 
of power control may be necessary, making the situation somewhat similar to the non- 
orthogonal case. 

The discussion on non-orthogonal and orthogonal multiple access mainly considered 
intra-cell multiple access. However, in many practical systems universal frequency reuse 
between cells is applied. In this case, the inter-cell multiple access is non-orthogonal, 
regardless of the intra-cell multiple access, which sets limits on the allowable transmission 
power from a terminal. 

Regardless of whether orthogonal or non-orthogonal multiple access is used, the same 
basic scheduling principles as for the downlink can be used. A max-C/I scheduler would 
assign all the uplink resources to the terminal with the best uplink channel conditions. 
Neglecting any power limitations in the terminal, this would result in the highest capacity 
(in an isolated cell) [44]. 

In the case of a non-orthogonal multiple-access scheme, greedy filling is one possible 
scheduling strategy [48]. With greedy filling, the terminal with the best radio conditions is 
assigned as high a data rate as possible. If the interference level at the receiver is smaller than 
the maximum tolerable level, the terminal with the second best channel conditions is allowed 
to transmit as well, continuing with more and more terminals until the maximum tolerable 
interference level at the receiver is reached. This strategy maximizes the air interface utili- 
zation but is achieved at the cost of potentially large differences in data rates between users. 
In the extreme case, a user at the cell border with poor channel conditions may not be allowed 
to transmit at all. 

Strategies between greedy filling and max-C/I can also be envisioned—for example, 
different proportional-fair strategies. This can be achieved by including a weighting factor for 
each user, proportional to the ratio between the instantaneous and average data rates, into the 
greedy filling algorithm. 

The schedulers above all assume knowledge of the instantaneous radio-link conditions, 
which can be hard to obtain in the uplink scenario, as discussed in Section 6.2.4. In situations 
when no information about the uplink radio-link quality is available at the scheduler, round- 
robin scheduling can be used. Similar to the downlink, round-robin implies terminals taking 
turns in transmitting, thus creating a TDMA-like operation with inter-user orthogonality in 
the time domain. Although the round-robin scheduler is simple, it is far from the optimal 
scheduling strategy. 

However, as already discussed in Chapter 4, the transmission power in a terminal is limited 
and therefore additional sharing of the uplink resources in the frequency and/or code domain 
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is required. This also impacts the scheduling decisions. For example, terminals far from the 
base station typically operate in the power-limited region, in contrast to terminals close to the 
base station, which often are in the bandwidth-limited region (for a discussion on power- 
limited vs. bandwidth-limited operation, see Chapter 2). Thus, for a terminal far from the 
base station, increasing the bandwidth will not result in an increased data rate and it is better 
to only assign a small amount of the bandwidth to this terminal and assign the remaining 
bandwidth to other terminals. On the other hand, for terminals close to the base station, an 
increase in the assigned bandwidth will provide a higher data rate. 


6.2.3 Link adaptation and channel-dependent scheduling in the 
frequency domain 


In the previous section, TDM-based scheduling was assumed and it was explained how, in this 
case, channel variations in the time domain could be utilized to improve system performance 
by applying channel-dependent scheduling, especially in combination with dynamic rate 
control. However, if the scheduler has access to the frequency domain, for example through 
the use of OFDM transmission, scheduling and link adaptation can also take place in the 
frequency domain. 

Link adaptation in the frequency domain implies that, based on knowledge about the 
instantaneous channel conditions also in the frequency domain—that is, knowledge about 
the attenuation as well as the noise/interference level of, in the extreme case, every OFDM 
subcarrier—the power and/or the data rate of each OFDM carrier can be individually adjusted 
for optimal utilization. 

Similarly, channel-dependent scheduling in the frequency domain implies that, based on 
knowledge about the instantaneous channel conditions also in the frequency domain, different 
subcarriers are used for transmission to or from different terminals. The scheduling gains 
from exploiting variations in the frequency domain are similar to those obtained from time- 
domain variations. In situations where the channel quality varies significantly with the fre- 
quency while the channel quality varies slowly with time, channel-dependent scheduling in 
the frequency domain can enhance system capacity. An example of such a situation is a 
wideband indoor system with low mobility, where the quality only varies slowly with time. 


6.2.4 Acquiring channel-state information 


To select a suitable data rate, in practice a suitable modulation scheme and channel-coding 
rate, the transmitter needs information about the radio-link channel conditions. Such infor- 
mation is also required for the purpose of channel-dependent scheduling. In the case of a 
system based on frequency-division duplex (FDD), only the receiver can accurately estimate 
the radio-link channel conditions. 

For the downlink, most systems provide a downlink signal of a predetermined structure, 
known as the downlink pilot or the downlink reference signal. This reference signal is 
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transmitted from the base station with constant power and can be used by the terminal to 
estimate the instantaneous downlink channel conditions. Information about the instantaneous 
downlink conditions can then be reported to the base station. 

Basically, what is relevant for the transmitter is an estimate reflecting the channel con- 
ditions at the time of transmission. Hence, in principle, the terminal could apply a predictor, 
trying to predict the future channel conditions and report this predicted value to the base 
station. However, as this would require specification of prediction algorithms and how they 
would operate when the terminal is moving at different speeds, most practical systems simply 
report the measured channel conditions to the base station. This can be seen as a very simple 
predictor, basically assuming the conditions in the near future will be similar to the current 
conditions. Thus, the more rapid the time-domain channel variations, the less efficient the link 
adaptation. 

As there inevitably will be a delay between the point in time when the terminal measured 
the channel conditions and the application of the reported value in the transmitter, channel- 
dependent scheduling and link adaptation typically operates at its best at low terminal 
mobility. If the terminal starts to move at high speed, the measurement reports will be 
outdated once arriving at the base station. In such cases, it is often preferable to perform link 
adaptation on the long-term average channel quality and rely on hybrid ARQ with soft 
combining for the rapid adaptation. 

For the uplink, estimation of the uplink channel conditions is not as straightforward, as 
there is typically no reference signal transmitted with constant power from each terminal. 
Means to estimate uplink channel conditions for LTE are discussed in Chapter 13. 

In the case of a system with time-division duplex (TDD), where uplink and downlink 
communication are time multiplexed within the same frequency band, the instantaneous 
uplink signal quality attenuation could be estimated from downlink measurements of the 
terminal, due to the reciprocity of the multi-path fading in the case of TDD. However, it 
should then be noted that this may not provide full knowledge of the downlink channel 
conditions. As an example, the interference situations at the terminal and the base station are 
different also in the case of TDD. 


6.2.5 Traffic behavior and scheduling 


It should be noted that there is little difference between different scheduling algorithms at low 
system load—that is, when only one or, in some cases, a few users have data waiting for 
transmission at the base station at each scheduling instant. The differences between different 
scheduling algorithms are primarily visible at high load. However, not only the load, but also 
the traffic behavior affects the overall scheduling performance. 

As discussed above, channel-dependent scheduling tries to exploit short-term variations in 
radio quality. Generally, a certain degree of long-term fairness in service quality is desirable, 
which should be accounted for in the scheduler design. However, since system throughput 
decreases the more fairness is enforced, a trade-off between fairness and system throughput is 
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necessary. In this trade-off, it is important to take traffic characteristics into account as they 
have a significant influence on the trade-off between system throughput and service quality. 
To illustrate this, further consider the three different downlink schedulers discussed above: 


— 


. Round-robin (RR) scheduler, where channel conditions are not taken into account. 

2. Proportional-fair (PF) scheduler, where short-term channel variations are exploited 
while maintaining the long-term average user data rate. 

3. Max-C/I scheduler, where the user with the best instantaneous channel quality in 

absolute terms is scheduled. 


For a full buffer scenario when there is always data available at the base station for all 
terminals in the cell, a max-C/I scheduler will result in no, or very low, user throughput for 
users at the cell edge with a low average channel quality. The reason is the fundamental 
strategy of the max-C/I scheduler—all resources are allocated for transmission to the terminal 
whose channel conditions support the highest data rate. Only in the rare, not to say unlikely, 
case of a cell-edge user having better conditions than a cell-center user, for example due to a 
deep fading dip for the cell-center user, will the cell-edge user be scheduled. A proportional- 
fair scheduler, on the other hand, will ensure some degree of fairness by selecting the user 
supporting the highest data rate relative to its average data rate. Hence, users tend to be 
scheduled on their fading peaks, regardless of the absolute quality. Thus, users on the cell 
edge will also be scheduled, thereby resulting in some degree of fairness between users. 

For a scenario with bursty packet data, the situation is different. In this case, the users’ 
buffers will be finite and in many cases also empty. For example, a web page has a certain size 
and, after transmitting the page, there is no more data to be transmitted to the terminal in 
question until the user requests a new page by clicking on a link. In this case, a max-C/I 
scheduler can still provide a certain degree of fairness. Once the buffer for the user with 
the highest C/I has been emptied, another user with non-empty buffers will have the highest 
C/I and be scheduled, and so on. This is the reason for the difference between full buffer and 
web-browsing traffic illustrated in Figure 6.4. The proportional-fair scheduler has a similar 
performance in both scenarios. 

Clearly, the degree of fairness introduced by the traffic properties depends heavily on the 
actual traffic; a design made with certain assumptions may be less desirable in an actual 
network where the traffic pattern may be different from the assumptions made during the 
design. Therefore, relying solely on the traffic properties for fairness is not a good strategy, 
but the discussion above emphasizes the need to design the scheduler not only for the full 
buffer case. 


6.3 Advanced retransmission schemes 


Transmissions over wireless channels are subject to errors, for example due to variations in 
the received signal quality. To some degree, such variations can be counteracted through link 
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FIGURE 6.4 


Illustration of the principle behavior of different scheduling strategies: (a) for full buffers and (b) for 
web browsing traffic model 


adaptation, as discussed above. However, receiver noise and unpredictable interference 
variations cannot be counteracted. Therefore, virtually all wireless communications systems 
employ some form of Forward Error Correction (FEC), tracing its roots to the pioneering 
work of Claude Shannon in 1948 [11]. There is a rich literature in the area of error-correction 
coding (see, for example, [52,53] and references therein), and a detailed description is beyond 
the scope of this book. In short, the basic principle behind forward error-correction coding is 
to introduce redundancy in the transmitted signal. This is achieved by adding parity bits to the 
information bits prior to transmission (alternatively, the transmission could consist of parity 
bits alone, depending on the coding scheme used). The parity bits are computed from the 
information bits using a method given by the coding structure used. Thus, the number of bits 
transmitted over the channel is larger than the number of original information bits and a 
certain amount of redundancy has been introduced in the transmitted signal. 

Another approach to handle transmissions errors is to use Automatic Repeat Request 
(ARQ). In an ARQ scheme, the receiver uses an error-detection code, typically a Cyclic 
Redundancy Check (CRC), to detect if the received packet is in error or not. If no error is 
detected in the received data packet, the received data is declared error-free and the trans- 
mitter is notified by sending a positive acknowledgement (ACK). On the other hand, if an 
error is detected, the receiver discards the received data and notifies the transmitter via a 
return channel by sending a negative acknowledgement (NAK). In response to an NAK, the 
transmitter retransmits the same information. 

Virtually all modern communication systems, including LTE, employ a combination of 
forward error-correction coding and ARQ, known as hybrid ARQ. Hybrid ARQ uses forward 
error-correction codes to correct a subset of all errors and relies on error detection to detect 
uncorrectable errors. Erroneously received packets are discarded and the receiver requests 
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retransmissions of corrupted packets. Thus, it is a combination of FEC and ARQ, as described 
above. Hybrid ARQ was first proposed in [54] and numerous publications on hybrid ARQ 
have appeared since (see [52] and references therein). Most practical hybrid ARQ schemes 
are built around a CRC code for error detection and convolutional or Turbo codes for error 
correction, but in principle any error-detection and error-correction code can be used. 


6.4 Hybrid ARQ with soft combining 


The hybrid-ARQ operation described above discards erroneously received packets and re- 
quests retransmission. However, despite it not being possible to decode the packet, the 
received signal still contains information, which is lost by discarding erroneously received 
packets. This shortcoming is addressed by hybrid ARQ with soft combining. In hybrid ARQ 
with soft combining, the erroneously received packet is stored in a buffer memory and later 
combined with the retransmission to obtain a single, combined packet that is more reliable 
than its constituents. Decoding of the error-correction code operates on the combined signal. 
If the decoding fails (typically a CRC code is used to detect this event), a retransmission is 
requested. 

Retransmission in any hybrid-ARQ scheme must, by definition, represent the same set of 
information bits as the original transmission. However, the set of coded bits transmitted in 
each retransmission may be selected differently as long as they represent the same set of 
information bits. Hybrid ARQ with soft combining is therefore usually categorized into 
Chase combining and incremental redundancy, depending on whether the retransmitted bits 
are required to be identical to the original transmission or not. 

Chase combining, where the retransmissions consist of the same set of coded bits as the 
original transmission, was first proposed in [55]. After each retransmission, the receiver uses 
maximum-ratio combining to combine each received channel bit with any previous trans- 
missions of the same bit, and the combined signal is fed to the decoder. As each retrans- 
mission is an identical copy of the original transmission, retransmissions with Chase 
combining can be seen as additional repetition coding. Therefore, as no new redundancy is 
transmitted, Chase combining does not give any additional coding gain but only increases the 
accumulated received F,/No for each retransmission (Figure 6.5). 

Several variants of Chase combining exist. For example, only a subset of the bits trans- 
mitted in the original transmission might be retransmitted, so-called partial Chase combining. 
Furthermore, although combining is often done after demodulation but before channel 
decoding, combining can also be carried out at the modulation symbol level before 
demodulation, as long as the modulation scheme is unchanged between transmission and 
retransmission. 

With Incremental Redundancy (IR), each retransmission does not have to be identical to 
the original transmission. Instead, multiple sets of coded bits are generated, each representing 
the same set of information bits [56,57]. Whenever a retransmission is required, the 
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Example of Chase combining 


retransmission typically uses a different set of coded bits than the previous transmission. The 
receiver combines the retransmission with previous transmission attempts of the same packet. 
As the retransmission may contain additional parity bits not included in the previous trans- 
mission attempts, the resulting code rate is generally lowered by a retransmission. Further- 
more, each retransmission does not necessarily have to consist of the same number of coded 
bits as the original and, in general, the modulation scheme can also be different for different 
retransmissions. Hence, incremental redundancy can be seen as a generalization of Chase 
combining or, stated differently, Chase combining is a special case of incremental 
redundancy. 

Typically, incremental redundancy is based on a low-rate code and the different redun- 
dancy versions are generated by puncturing the output of the encoder. In the first transmission 
only a limited number of coded bits are transmitted, effectively leading to a high-rate code. In 
the retransmissions, additional coded bits are transmitted. As an example, assume a basic 
rate-1/4 code. In the first transmission, only every third coded bit is transmitted, effectively 
giving a rate-3/4 code, as illustrated in Figure 6.6. In the case of a decoding error and a 
subsequent request for a retransmission, additional bits are transmitted, effectively leading to 
a rate-3/8 code. After a second retransmission the code rate is 1/4. In the case of more than 
two retransmissions, transmitted coded bits would already be repeated. In addition to a gain in 
accumulated received E}/No, incremental redundancy also results in a coding gain for each 
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Example of incremental redundancy 


retransmission. The gain with IR compared to Chase is larger for high initial code rates, while 
at lower initial coding rates Chase combining is almost as good as IR [58]. Furthermore, as 
shown in [59], the performance gain of incremental redundancy compared to Chase 
combining can also depend on the relative power difference between the transmission 
attempts. 

With incremental redundancy, the code used for the first transmission should provide good 
performance not only when used alone, but also when used in combination with the code for 
the second transmission. The same holds for subsequent retransmissions. Thus, as the 
different redundancy versions typically are generated through puncturing of a low-rate 
mother code, the puncturing patterns should be defined such that all the code bits used by 
a high-rate code should also be part of any lower-rate codes. In other words, the resulting code 
rate R; after transmission attempt i, consisting of the coded bits from redundancy versions 


RV;, k = 1, ..., i, should have similar performance as a good code designed directly for rate 
R;. Examples of this for convolutional codes are the so-called rate-compatible convolutional 
codes [60]. 


In the discussion so far, it has been assumed that the receiver has received all the previ- 
ously transmitted redundancy versions. If all redundancy versions provide the same amount 
of information about the data packet, the order of the redundancy versions is not critical. 
However, for some code structures, not all redundancy versions are of equal importance. One 
example here is Turbo codes, where the systematic bits are of higher importance than the 
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parity bits. Hence, the initial transmission should at least include all the systematic bits and 
some parity bits. In the retransmission(s), parity bits not in the initial transmission can be 
included. However, if the initial transmission was received with poor quality or not at all, a 
retransmission with only parity bits is not appropriate. A retransmission of (some of) the 
systematic bits provides better performance. Incremental redundancy with Turbo codes can 
therefore benefit from multiple levels of feedback, for example by using two different 
negative acknowledgements—NAK to request additional parity bits, and LOST to request a 
retransmission of the systematic bits. In general, the problem of determining the amount of 
systematic and parity bits in a retransmission based on the signal quality of previous trans- 
mission attempts is non-trivial. 

Hybrid ARQ with soft combining, regardless of whether Chase or incremental redundancy 
is used, leads to an implicit reduction of the data rate by means of retransmissions and can 
thus be seen as implicit link adaptation. However, in contrast to link adaptation based on 
explicit estimates of the instantaneous channel conditions, hybrid ARQ with soft combining 
implicitly adjusts the coding rate based on the result of the decoding. In terms of overall 
throughput this kind of implicit link adaptation can be superior to explicit link adaptation, as 
additional redundancy is only added when needed—that is, when it is not possible to correctly 
decode previous higher-rate transmissions. Furthermore, as hybrid ARQ does not try to 
predict any channel variations, it works equally well, regardless of the speed at which the 
terminal is moving. Since implicit link adaptation can provide a gain in system throughput, a 
valid question is why explicit link adaptation is necessary at all. One major reason for having 
explicit link adaptation is the reduced delay. Although relying on implicit link adaptation 
alone is sufficient from a system throughput perspective, the end-user service quality may not 
be acceptable from a delay perspective. 


ee 


LTE Radio Access: An Overview 


The work on LTE was initiated in late 2004 with the overall aim of providing a new radio- 
access technology focusing on packet-switched data only. The first phase of the 3GPP 
work on LTE was to define a set of performance and capability targets for LTE [10]. This 
included targets on peak data rates, user/system throughput, spectral efficiency, and control/ 
user-plane latency. In addition, requirements were also set on spectrum flexibility, as well as 
on interaction/compatibility with other 3GPP radio-access technologies (GSM, WCDMA/ 
HSPA, and TD-SCDMA). 

Once the targets were set, 3GPP studies on the feasibility of different technical solutions 
considered for LTE were followed by development of detailed specifications. The first release 
of the LTE specifications, release 8, was completed in the spring of 2008 and commercial 
network operation began in late 2009. Release 8 has been followed by additional LTE 
releases, introducing more functionality and capabilities in different areas, as illustrated in 
Figure 7.1. LTE Release 11 was finalized late 2012, and 3GPP is as of this writing working on 
LTE release 12. 

In parallel to the development of LTE, there has also been an evolution of the overall 3GPP 
network architecture, termed System Architecture Evolution (SAE), including both the radio- 
access network and the core network. Requirements were also set on the architecture 
evolution, leading to a new flat radio-access-network architecture with a single type of node, 
the eNodeB,' as well as a new core-network architecture. An excellent description of 
the LTE-associated core-network architecture, the Evolved Packet Core (EPC), can be found 
in [9]. 

The remaining part of this chapter provides an overview of LTE. The most important 
technology components of LTE release 8—including transmission schemes, scheduling, 
multi-antenna support, and spectrum flexibility—are presented, as well as the additional 
features and enhancements introduced in later releases up to and including release 11. The 
chapter can either be read on its own to get a high-level overview of LTE, or as an introduction 
to the subsequent chapters. 

The following chapters, Chapters 8—20, then provide a detailed description of the LTE 
radio-access technology. Chapter 8 provides an overview of the LTE protocol structure, 
including RLC, MAC, and the physical layer, explaining the logical and physical channels 
and the related data flow. The time—frequency structure on which LTE is based is covered in 


‘eNodeB is a 3GPP term that can roughly be seen as being equivalent to a base station (see further Chapter 8). 
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LTE and its evolution 


Chapter 9, together with a brief overview of the LTE antenna-port concept. This is followed 
by a detailed description of the LTE physical-layer functionality for downlink and uplink 
transmission in Chapters 10 and 11 respectively. Chapter 12 contains a description of LTE 
retransmission mechanisms, followed by a discussion on the mechanisms available in LTE to 
support advanced scheduling and link adaptation in Chapter 13. Access procedures, necessary 
for a terminal to connect to the network, are the topic of Chapter 14. Multi-point coordination/ 
transmission is discussed in Chapter 15, followed by a discussion of heterogeneous 
deployments based on LTE in Chapter 16. Chapter 17 covers the multicast/broadcast func- 
tionality of LTE, followed by a description of relaying operation in Chapter 18. Chapter 19 
addresses how radio-frequency (RF) requirements are defined in LTE, taking into account the 
spectrum flexibility. An assessment of the system performance of LTE is found in Chapter 20. 
Finally, Chapter 21 concludes with a summary of the most important features expected to be 
introduced as part of LTE release 12, as well as a brief discussion on key challenges and some 
possible technology components for future beyond-LTE radio access. 


7.1 Basic principles 


Building upon the basic technologies described in the previous chapters, the main principles 
behind LTE will be described in the following sections. 


7.1.1 Transmission scheme 

The LTE downlink transmission scheme is based on conventional OFDM. As discussed in 
Chapter 3, OFDM is an attractive transmission scheme for several reasons. Due to the 
relatively long OFDM symbol time in combination with a cyclic prefix, OFDM provides 
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a high degree of robustness against channel frequency selectivity. Although signal corruption 
due to a frequency-selective channel can, in principle, be handled by equalization at the 
receiver side, the complexity of such equalization starts to become unattractively high for 
implementation in a terminal at larger bandwidths and especially in combination with 
advanced multi-antenna transmission schemes such as spatial multiplexing. Therefore, 
OFDM is an attractive choice for LTE for which a wide bandwidth and support for advanced 
multi-antenna transmission were key requirements. 
OFDM also provides some additional benefits relevant for LTE: 


¢ OFDM provides access to the frequency domain, thereby enabling an additional degree 
of freedom to the channel-dependent scheduler compared to time-domain-only 
scheduling used in major 3G systems. 

¢ Flexible transmission bandwidth to support operation in spectrum allocations of different 
sizes is straightforward with OFDM, at least from a baseband perspective, by varying the 
number of OFDM subcarriers used for transmission. Note, however, that support of a 
flexible transmission bandwidth also requires flexible RF filtering, etc., for which the 
exact transmission scheme is to a large extent irrelevant. Nevertheless, maintaining 
the same baseband-processing structure, regardless of the bandwidth, eases terminal 
development and implementation. 

¢ Broadcast/multicast transmission, where the same information is transmitted from 
multiple base stations, is straightforward with OFDM as described in Chapter 3 and 
elaborated upon from an LTE perspective in Chapter 17. 


The LTE uplink is also based on OFDM transmission. However, different means are taken 
to reduce the cubic metric (see Chapter 4) of uplink transmissions, thereby enabling higher 
power-amplifier efficiency on the terminal side. More specifically, for uplink data trans- 
mission the OFDM modulator is preceded by a DFT precoder, leading to DFT-spread OFDM 
(DFTS-OFDM) as described in Chapter 4. Often the term DFTS-OFDM is used to describe 
the LTE uplink transmission scheme in general. However, it should be understood that 
DFTS-OFDM is only used for uplink data transmission. As described in more detail in later 
chapters, other means are used to achieve a low cubic metric for other types of uplink 
transmissions. Thus, the LTE uplink transmission scheme should be described as OFDM with 
different techniques, including DFT precoding for data transmission, being used to reduce the 
cubic metric of the transmitted signal. 

The use of OFDM transmission for the LTE uplink allows for orthogonal separation of 
uplink transmissions also in the frequency domain. Orthogonal separation is in many cases 
beneficial as it avoids interference between uplink transmissions from different terminals 
within the cell (intra-cell interference). As discussed in Chapter 4, allocating a very large 
instantaneous bandwidth for transmission from a single terminal is not an efficient strategy in 
situations where the data rate is mainly limited by the available terminal transmit power rather 
than the bandwidth. In such situations a terminal can instead be allocated only a part of the 
total available bandwidth and other terminals within the cell can be scheduled to transmit in 
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parallel on the remaining part of the spectrum. In other words, the LTE uplink transmission 
scheme allows for both time division (TDMA) and frequency division (FDMA) between users. 


7.1.2 Channel-dependent scheduling and rate adaptation 


At the core of the LTE transmission scheme is the use of shared-channel transmission with 
the overall time—frequency resource dynamically shared between users. The use of shared- 
channel transmission is well matched to the rapidly varying resource requirements posed 
by packet-data communication and also enables several of the other key technologies on 
which LTE is based. 

The scheduler controls, for each time instant, to which users the different parts of the 
shared resource should be assigned. The scheduler also determines the data rate to be used 
for each transmission. Thus, rate adaptation can be seen as a part of the scheduling func- 
tionality. The scheduler is a key element and to a large extent determines the overall system 
performance, especially in a highly loaded network. Both downlink and uplink transmissions 
are subject to tight scheduling in LTE. From Chapter 6 it is known that a substantial gain in 
system capacity can be achieved if the channel conditions are taken into account in the 
scheduling decision, so-called channel-dependent scheduling. Due to the use of OFDM in 
both the downlink and uplink transmission directions, the scheduler has access to both the 
time and frequency domains. In other words, the scheduler can, for each time instant and 
frequency region, select the user with the best channel conditions, as illustrated in Figure 7.2. 

The possibility of channel-dependent scheduling in the frequency domain is particularly 
useful at low terminal speeds—in other words, when the channel is varying slowly in time. As 
discussed in Chapter 6, channel-dependent scheduling relies on channel-quality variations 
between users to obtain a gain in system capacity. For delay-sensitive services, a time- 
domain-only scheduler may, due to the delay constraints, be forced to schedule a particular 
user, despite the channel quality not being at its peak. In such situations, exploiting channel- 
quality variations also in the frequency domain will help to improve the overall performance 
of the system. For LTE, scheduling decisions can be taken as often as once every 1 ms and the 
granularity in the frequency domain is 180 kHz. This allows for relatively rapid channel 
variations in both the time and frequency domains to be tracked and utilized by the scheduler. 

To support downlink scheduling, a terminal may provide the network with channel-state 
reports indicating the instantaneous downlink channel quality in both the time and frequency 
domains. The channel state is typically obtained by measuring on reference signals trans- 
mitted in the downlink. Based on the channel-state reports, also referred to as channel-state 
information (CSD, the downlink scheduler can assign resources for downlink transmission to 
different terminals, taking the channel quality into account in the scheduling decision. In 
principle, a scheduled terminal can be assigned an arbitrary combination of 180 kHz wide 
resource blocks in each 1 ms scheduling interval. 

As already mentioned, the LTE uplink is based on orthogonal separation of different 
uplink transmissions and it is the task of the uplink scheduler to assign resources in both the 
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Downlink channel-dependent scheduling in time and frequency domains 


time and frequency domains to different terminals. Scheduling decisions, taken once per 
1 ms, control what set of terminals are allowed to transmit within a cell during a given time 
interval and, for each terminal, on what frequency resources the transmission is to take place, 
and what transmission parameters, including the data rate, to use. 

Channel conditions can also be taken into account in the uplink scheduling process, 
similar to the downlink scheduling. However, as will be discussed in more detail in subse- 
quent chapters, obtaining information about the uplink channel conditions may not be 
feasible or desirable in all situations. Therefore, different means to obtain uplink diversity are 
important as a complement in situations where uplink channel-dependent scheduling is not 
suitable. 


7.1.3 Inter-cell interference coordination 


LTE is designed to operate with a one-cell frequency reuse, implying that the same carrier 
frequency can be used at neighboring transmission points. In particular, the basic control 
channels of LTE are designed to operate properly with the relatively low signal-to- 
interference ratio that may be experienced in a reuse-one deployment. 

Fundamentally, having access to all available frequency resources at each transmission 
point is always beneficial. However, system efficiency as well as end-user quality can be 
further improved if transmissions from neighboring transmission points are coordinated in 
such a way that the most severe interference situations can be avoided. 
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Already the first release of LTE included explicit support for such coordination, in the 
release-8 context referred to as Inter-cell Interference Coordination (ICIC). More specif- 
ically, the release-8 specifications defined a set of messages that can be exchanged between 
eNodeBs using the so-called X2 interface (see Chapter 8). These messages provide infor- 
mation about the interference situation experienced by the eNodeB issuing the message and 
can be used by a neighboring eNodeB receiving the message as input to its scheduling 
process, thereby providing a means for at least partly coordinating the transmissions and 
controlling the interference between cells of different eNodeBs. The specification support for 
coordination between transmission points was then extended as part of the LTE release-11 
“CoMP” activities, as discussed further in Section 7.4.1. Chapter 15 provides a more in-depth 
discussion of coordination between transmission points for LTE, covering both the release-8 
ICIC mechanisms and the release-11 CoMP features. 

Especially severe interference situations may occur in so-called heterogeneous network 
deployments consisting of overlapping layers of base stations with large differences in the 
downlink transmission power. This will be briefly discussed in Section 7.3.4 as part of the 
discussion on LTE release-10 features. The interference handling in heterogeneous network 
deployments will then be discussed in more detail in Chapter 16. 


7.1.4 Hybrid ARQ with soft combining 


Fast hybrid ARQ with soft combining is used in LTE to allow the terminal to rapidly request 
retransmissions of erroneously received transport blocks and to provide a tool for implicit rate 
adaptation. Retransmissions can be rapidly requested after each packet transmission, thereby 
minimizing the impact on end-user performance from erroneously received packets. Incre- 
mental redundancy is used as the soft combining strategy and the receiver buffers the soft bits 
to be able to perform soft combining between transmission attempts. 


7.1.5 Multi-antenna transmission 


Already from its first release, LTE has included support for different multi-antenna tech- 
niques as an integral part of the radio-interface specifications. In many respects, the use of 
multiple antennas is the key technology to reach many of the aggressive LTE performance 
targets. As discussed in Chapter 5, multiple antennas can be used in different ways for 
different purposes: 


e Multiple receive antennas can be used for receive diversity. For uplink transmissions, 
they have been used in many cellular systems for several years. However, as dual receive 
antennas are the baseline for all LTE terminals, the downlink performance is also 
improved. The simplest way of using multiple receive antennas is classical receive 
diversity to collect additional energy and suppress fading, but additional gains can be 
achieved in interference-limited scenarios if the antennas are used not only to provide 
diversity, but also to suppress interference, as discussed in Chapter 5. 
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¢ Multiple transmit antennas at the base station can be used for transmit diversity and 
different types of beam-forming. The main goal of beam-forming is to improve the 
received SINR and, eventually, improve system capacity and coverage. 

¢ Spatial multiplexing (sometimes referred to as MIMO or more specifically SU-MIMO) 
using multiple antennas at both the transmitter and receiver is supported by LTE. 
Spatial multiplexing results in an increased data rate, channel conditions permitting, 
in bandwidth-limited scenarios by creating several parallel “channels,” as described in 
Chapter 5. Alternatively, by combining the spatial properties with the appropriate 
interference-suppressing receiver processing, multiple terminals can transmit on the 
same time—frequency resource in order to improve the overall cell capacity. In 3GPP 
this is referred to as multi-user MIMO. 


In general, the different multi-antenna techniques are beneficial in different scenarios. As 
an example, at relatively low SINR, such as at high load or at the cell edge, spatial multi- 
plexing provides relatively limited benefits. Instead, in such scenarios multiple antennas at 
the transmitter side should be used to raise the SINR by means of beam-forming. On the other 
hand, in scenarios where there already is a relatively high SINR, for example in small cells, 
raising the signal quality further provides relatively minor gains as the achievable data rates 
are then mainly bandwidth limited rather than SINR limited. In such scenarios, spatial 
multiplexing should instead be used to fully exploit the good channel conditions. The multi- 
antenna scheme used is under control of the base station, which therefore can select a suitable 
scheme for each transmission. 

Up to four layers of downlink spatial multiplexing were already supported from the first 
release of LTE. Later releases further extended the LTE multi-antenna capabilities as 
described in Section 7.3.2. 


7.1.6 Spectrum flexibility 


A high degree of spectrum flexibility is one of the main characteristics of the LTE radio- 
access technology. The aim of this spectrum flexibility is to allow for the deployment of 
LTE radio access in different frequency bands with various characteristics, including different 
duplex arrangements and different sizes of the available spectrum. Chapter 19 outlines further 
details of how spectrum flexibility is achieved in LTE. 


7.1.6.1 Flexibility in duplex arrangements 

One important part of the LTE requirements in terms of spectrum flexibility is the possibility 
to deploy LTE-based radio access in both paired and unpaired spectrum. Therefore, LTE 
supports both frequency- and time-division-based duplex arrangements. Frequency-Division 
Duplex (FDD), as illustrated on the left in Figure 7.3, implies that downlink and uplink 
transmission take place in different, sufficiently separated, frequency bands. Time-Division 
Duplex (TDD), as illustrated on the right in Figure 7.3, implies that downlink and uplink 
transmission take place in different, non-overlapping time slots. Thus, TDD can operate in 
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Frequency- and time-division duplex 


unpaired spectrum, whereas FDD requires paired spectrum. The required flexibility and 
resulting requirements to support LTE operation in different paired and unpaired frequency 
arrangements are further discussed in Chapter 19. 

Operation in both paired and unpaired spectrum has been supported by 3GPP radio-access 
technologies even before the introduction of LTE by means of FDD-based WCDMA/HSPA in 
combination with TDD-based TD-SCDMA radio. However, this was then achieved by means 
of, at least in the details, relatively different radio-access technologies leading to additional 
effort and complexity when developing and implementing dual-mode terminals capable of 
both FDD and TDD operation. LTE, on the other hand, supports both FDD and TDD within a 
single radio-access technology, leading to a minimum of deviation between FDD and TDD 
for LTE-based radio access. As a consequence of this, the overview of the LTE radio access 
provided in the following chapters is, to a large extent, valid for both FDD and TDD. In the 
case of differences between FDD and TDD, these differences will be explicitly indicated. 
Furthermore, the TDD mode, also known as TD-LTE, is designed with coexistence between 
LTE (TDD) and TD-SCDMA in mind to simplify a gradual migration from TD-SCDMA to 
LTE. 

LTE also supports half-duplex FDD at the terminal (illustrated in the middle of 
Figure 7.3). In half-duplex FDD, transmission and reception at a specific terminal are 
separated in both frequency and time. The base station still uses full-duplex FDD as it 
simultaneously may schedule different terminals in uplink and downlink; this is similar to, for 
example, GSM operation. The main benefit with half-duplex FDD is the reduced 
terminal complexity as no duplex filter is needed in the terminal. This is especially beneficial 
in the case of multi-band terminals which otherwise would need multiple sets of duplex 
filters. 
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7.1.6.2 Bandwidth flexibility 

An important characteristic of LTE is the support for a range of different transmission 
bandwidths on both downlink and uplink. The main reason for this is that the amount of 
spectrum available for LTE deployment may vary significantly between different frequency 
bands and also depending on the exact situation of the operator. Furthermore, the possibility 
of operating in different spectrum allocations gives the possibility for gradual migration of 
spectrum from other radio-access technologies to LTE. 

LTE supports operation in a wide range of spectrum allocations, achieved by a flexible 
transmission bandwidth being part of the LTE specifications. To efficiently support very high 
data rates when spectrum is available, a wide transmission bandwidth is necessary, as dis- 
cussed in Chapter 2. However, a sufficiently large amount of spectrum may not always be 
available, either due to the band of operation or due to a gradual migration from another 
radio-access technology, in which case LTE can be operated with a more narrow transmission 
bandwidth. In such cases, the maximum achievable data rates will be reduced accordingly. As 
discussed below, the spectrum flexibility is further improved in later releases of LTE. 

The LTE physical-layer specifications [61-64] are bandwidth agnostic and do not make 
any particular assumption on the supported transmission bandwidths beyond a minimum 
value. As will be seen in the following, the basic radio-access specification, including the 
physical-layer and protocol specifications, allows for any transmission bandwidth ranging 
from roughly 1 MHz up to around 20 MHz. At the same time, at an initial stage, radio- 
frequency requirements are only specified for a limited subset of transmission bandwidths, 
corresponding to what is predicted to be relevant spectrum-allocation sizes and relevant 
migration scenarios. Thus, in practice the LTE radio-access technology supports a limited set 
of transmission bandwidths, but additional transmission bandwidths can easily be introduced 
by updating only the RF specifications. 


7.2 LTE release 9 


After completing the first release of LTE, work continued in 3GPP with introducing addi- 
tional functionality in the second release of the LTE specifications, release 9. The main new 
features introduced as part of release 9, completed in late 2009, were support for multicast 
transmission, support for network-assisted positioning services, and enhancements to beam- 
forming in the downlink. 


7.2.1 Multicast and broadcast support 


Multi-cell broadcast implies transmission of the same information from multiple cells, as 
described in Chapter 3. By exploiting this at the terminal, effectively using signal power 
from multiple cell sites at the detection, a substantial improvement in coverage can be 
achieved. By transmitting not only identical signals from multiple cell sites (with 
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identical coding and modulation), but also synchronizing the transmission timing be- 
tween the cells, the signal at the terminal will appear exactly as a signal transmitted from 
a single cell site and subject to multi-path propagation. Due to the OFDM robustness to 
multi-path propagation, such multi-cell transmission, in 3GPP also referred to as Mul- 
ticast/Broadcast Single-Frequency Network (MBSEN) transmission, will then not only 
improve the received signal strength, but also eliminate the inter-cell interference as 
described in Chapter 3. Thus, with OFDM, multi-cell broadcast/multicast throughput may 
eventually be limited by noise only and can then, in the case of small cells, reach extremely 
high values. 

It should be noted that the use of MBSEN transmission for multi-cell broadcast/multicast 
assumes the use of tight synchronization and time alignment of the signals transmitted from 
different cell sites. 


7.2.2 Positioning 


Positioning, as the name implies, refers to functionality in the radio-access network to 
determine the location of individual terminals. Determining the position of a terminal can, 
in principle, be done by including a GPS receiver in the terminal. Although this is a quite 
common feature, not all terminals include the necessary GPS receiver and there may also 
be cases when the GPS service is not available. LTE release 9 therefore introduced posi- 
tioning support inherent in the radio-access network. By measuring on special reference 
signals transmitted regularly from different cell sites, the location of the terminal can be 
determined. 


7.2.3 Dual-layer beam-forming 


Release 9 enhanced the support for combining spatial multiplexing with beam-forming. 
Although the combination of beam-forming and spatial multiplexing was already possible 
in release 8, it was restricted to so-called codebook-based precoding (see Chapter 10). In 
release 9, the support for spatial multiplexing combined with so-called non-codebook-based 
precoding was introduced, allowing for improved flexibility in deploying various multi- 
antenna transmission schemes. 


7.3 LTE release 10 and IMT-advanced 


As described in Chapter 1, IMT-Advanced is the term used by the ITU for radio-access 
technologies beyond IMT-2000. As a first step in defining IMT-Advanced, the ITU defined 
a set of requirements that any IMT-Advanced compliant technology should fulfill [65]. 
Examples of these requirements were support for at least 40 MHz bandwidth, peak spectral 
efficiencies of 15 bit/s/Hz in downlink and 6.75 bit/s/Hz in uplink (corresponding to peak 
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rates of at least 600 and 270 Mbit/s respectively), and control and user plane latency of less 
than 100 and 10 ms respectively. 

One of the main targets of LTE release 10 was to ensure that the LTE radio-access 
technology would be fully compliant with the IMT-Advanced requirements, thus the name 
LTE-Advanced is often used for LTE release 10 and later. However, in addition to the ITU 
requirements, 3GPP also defined its own targets and requirements for LTE-Advanced (LTE 
release 10) [66]. These targets/requirements extended the ITU requirements both in terms of 
being more aggressive as well as including additional requirements. One important 
requirement was backwards compatibility. Essentially this means that an earlier-release LTE 
terminal should be able to access a carrier supporting LTE release-10 functionality, although 
not being able to utilize all the release-10 features of that carrier. 

LTE release 10 was completed in late 2010 and implied enhanced LTE spectrum flexibility 
through carrier aggregation, further extended multi-antenna transmission, introduced sup- 
port for relaying, and provided improvements in the area of inter-cell interference coordi- 
nation in heterogeneous network deployments. 


7.3.1 Carrier aggregation 


As mentioned earlier, the first release of LTE already provided extensive support for 
deployment in spectrum allocations of various characteristics, with bandwidths ranging from 
roughly 1 MHz up to 20 MHz in both paired and unpaired bands. With LTE release 10 the 
transmission bandwidth can be further extended by means of so-called carrier aggregation 
(CA), where multiple component carriers are aggregated and jointly used for transmission to/ 
from a single terminal. Up to five component carriers, possibly each of different bandwidths, 
can be aggregated, allowing for transmission bandwidths up to 100 MHz. Backwards 
compatibility was ensured as each component carrier uses the release-8 structure. Hence, to a 
release-8/9 terminal each component carrier will appear as an LTE release-8 carrier, while a 
carrier-aggregation-capable terminal can exploit the total aggregated bandwidth, enabling 
higher data rates. In the general case, a different number of component carriers can be 
aggregated for the downlink and uplink. 

Component carriers do not have to be contiguous in frequency, which enables exploitation 
of fragmented spectrum; operators with a fragmented spectrum can provide high-data-rate 
services based on the availability of a wide overall bandwidth even though they do not 
possess a single wideband spectrum allocation. 

From a baseband perspective, there is no difference between the cases in Figure 7.4 and 
they are all supported by LTE release 10. However, the RF-implementation complexity is 
vastly different with the first case being the least complex. Thus, although carrier aggregation 
is supported by the basic specifications, not all terminals will support it. Furthermore, release 
10 has some restrictions on carrier aggregation in the RF specification, compared to what has 
been specified for physical layer and signaling, while in release 11 there is support for carrier- 
aggregation within and between a much larger number of bands. 
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7.3.2 Extended multi-antenna transmission 


In release 10, downlink spatial multiplexing was expanded to support up to eight transmission 
layers. This can be seen as an extension of the release-9 dual-layer beam-forming to support 
up to eight antenna ports and eight corresponding layers. Together with the support for carrier 
aggregation this enables downlink data rates up to 3 Gbit/s in 100 MHz of spectrum. 

Uplink spatial multiplexing of up to four layers was also introduced as part of LTE release 
10. Together with the possibility for uplink carrier aggregations, this allows for uplink data 
rates up to 1.5 Gbit/s in 100 MHz of spectrum. Uplink spatial multiplexing consists of a 
codebook-based scheme under control of the base station, which means that the structure can 
also be used for uplink transmitter-side beam-forming. 

An important consequence of the multi-antenna extensions in LTE release 10 was the 
introduction of an enhanced downlink reference-signal structure that more extensively 
separated the function of channel estimation and the function of acquiring channel-state 
information. The aim of this was to better enable novel antenna arrangements and new 
features such as more elaborate multi-point coordination/transmission in a flexible way. 


7.3.3 Relaying 


In the context of LTE, relaying implies that the terminal communicates with the network via a 
relay node that is wirelessly connected to a donor cell using the LTE radio-interface tech- 
nology (see Figure 7.5). From a terminal point of view, the relay node will appear as an 
ordinary cell. This has the important advantage of simplifying the terminal implementation 
and making the relay node backwards compatible—that is, LTE release-8/9 terminals can 
access the network via the relay node. In essence, the relay is a low-power base station 
wirelessly connected to the remaining part of the network. 


7.3.4 Heterogeneous deployments 


Heterogeneous deployments refer to deployments with a mixture of network nodes with 
different transmit power and overlapping geographical coverage (see Figure 7.6). A typical 


7.4 Release 11 115 


Donor cell 


FIGURE 7.5 


Example of relaying 


: 
Ys 
Mt 
VAN as 
. & 
LTT a 
: 


FIGURE 7.6 
Example of heterogeneous deployment with low-power nodes inside macro cells 


example is a pico node placed within the coverage area of a macro cell. Although such 
deployments were already supported in release 8, release 10 introduced new means to handle 
the inter-layer interference that may occur between, for example, a pico layer and the overlaid 
macro layer. The multi-point-coordination techniques introduced in release 11 further extend 
the set of tools for supporting heterogeneous deployments. 


7.4 Release 11 


Release 11 further extended the performance and capabilities of LTE. One of the most notable 
features of LTE release 11, finalized in late 2012, was radio-interface functionality for multi- 
point coordination and transmission. Other examples of improvements in release 11 were 
carrier-aggregation enhancements, a new control-channel structure, and performance 
requirements for more advanced terminal receivers. 

In all new 3GPP releases, there is support added for operation in additional frequency 
bands. In release 11, there was not only support added for new bands, but also 
requirements defined for carrier-aggregation within and between both existing and new 
bands. In line with the evolution of RF technology to support larger transmitter and 
receiver bandwidths, there were also requirements added in the specifications for 
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multiband base stations, supporting simultaneous transmission and/or reception of carriers 
in multiple frequency bands using the same RF hardware. The RF requirements are 
described in more detail in Chapter 19. 


7.4.1 Multi-point coordination and transmission 


As discussed earlier, the first release of LTE included some specific support for 
coordination between transmission points, referred to as Inter-Cell Interference Coor- 
dination (ICIC), as a means to at least partly control the interference between cells. 
However, the support for such coordination was significantly expanded as part of LTE 
release 11, including the possibility for much more dynamic coordination between trans- 
mission points. 

In contrast to release-8 ICIC, which was limited to the definition of certain X2 messages to 
assist coordination between cells, the release-11 activities focused on radio-interface features 
and terminal functionality to assist different coordination means, including the support for 
channel-state feedback for multiple transmission points. Jointly these features and func- 
tionality go under the name Coordinated Multi-Point (COMP) transmission/reception. 
Refinement to the reference-signal structure were also an important part of the CoMP support, 
as was the enhanced control-channel structure introduced as part of release 11 discussed 
further below. 

Support for CoMP includes multi-point coordination—that is, when transmission to a 
terminal is carried out from one specific transmission point, but where scheduling and link 
adaptation is coordinated between the transmission points, as well as multi-point transmission 
in which case transmission to a terminal can be carried out from multiple transmission points 
either in such a way that that transmission can switch dynamically between different trans- 
mission points (Dynamic Point Selection) or be carried out jointly from multiple transmission 
points (Joint Transmission). 

A similar distinction can be made for uplink where one can distinguish between (uplink) 
multi-point coordination and multi-point reception. In general, though, uplink CoMP is 
mainly a network implementation issue and has very little impact on the terminal and very 
little visibility in the radio-interface specifications. 


7.4.2 Enhanced control channel structure 


In release 11, a new complementary control channel structure was introduced in order to 
support intercell interference coordination and to exploit the additional flexibility of the new 
reference-signal structure not only for data transmission, which was the case in release 10, but 
also for control signaling. The new control-channel structure can thus be seen as a prereq- 
uisite for many CoMP schemes, although it is also beneficial for beam-forming and 
frequency-domain interference coordination as well. 
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7.4.3 Carrier-aggregation enhancements 


Carrier aggregation was introduced in release 10, but for TDD it was restricted to the case of 
all component carriers having the same downlink-uplink allocations. In release 11, this 
restriction was removed, and aggregation of multiple TDD carriers with different downlink- 
uplink allocations is supported. The motivation was to improve the coexistence with other 
radio-access technologies in case of carrier aggregation. An interesting aspect of aggregating 
different downlink-uplink allocations is that the terminal may need to receive and transmit 
simultaneously in order to fully utilize both carriers. Thus, unlike previous releases, a 
TDD-capable terminal may, similarly to a FDD-capable terminal, need a duplex filter. 

While RF requirements for carrier aggregation were defined only for a very limited set of 
frequency bands in release 10, this has been extended to cover a number of bands in release 
11. Requirements for intra-band carrier aggregation are defined in several bands, while an 
even larger number of bands have requirements defined for inter-band carrier aggregation. 
There are also requirements defined for non-contiguous carrier aggregation, where in 
particular the requirements to support base stations operating in non-contiguous spectrum 
allocations have been added in. 


7.4.4 Advanced receivers 


Fundamentally, a terminal vendor is free to design the terminal receiver in any way as long as 
it supports the minimum requirements defined in the specifications. There is an incentive for 
the vendors to provide significantly better receivers, as this could be directly translated into 
improved end-user data rates. However, the network may not be able to exploit such receiver 
improvements to their full extent, as it might not know which terminals have significantly 
better performance. Network deployments therefore need to be based on the minimum 
requirements. Defining performance requirements for more advanced receiver types to some 
extent alleviates this, as the minimum performance of a terminal equipped with an advanced 
receiver is known. 


7.5 Terminal capabilities 


To support different scenarios, which may call for different terminal capabilities in terms of 
data rates, as well as to allow for market differentiation in terms of low- and high-end 
terminals with a corresponding difference in price, not all terminals support all capabil- 
ities. Furthermore, terminals from an earlier release of the standard will not support features 
introduced in later versions of LTE. For example, a release-8 terminal will not support carrier 
aggregation as this feature was introduced in release 10. Therefore, as part of the connection 
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Table 7.1 UE Categories 
Category 
Release 8/9/10/11 Release 10/11 only 
1 2 3 4 5 6 7 8 
Downlink peak rate 10 50 100 150 3800 300 300 3000 
[Mbit/s] 
Uplink peak rate 5 25 50 50 75 50 150 1500 
[Mbit/s] 
Maximum downlink 64QAM 
modulation 
Maximum uplink 16QAM 64QAM 16QAM 64QAM 
modulation 
Max number of 1 2 4 Signaled separately 
layers for downlink 
spatial multiplexing 


setup, the terminal indicates not only which release of LTE it supports, but also its capabilities 
within the release. 

In principle, the different parameters could be specified separately, but to limit the number 
of combinations and avoid a parameter combination that does not make sense, a set of 
physical-layer capabilities are lumped together to form a UE category (UE, User Equipment, 
is the term used in 3GPP to denote a terminal). In total five different UE categories have been 
specified for LTE release 8/9, ranging from the low-end category 1 not supporting spatial 
multiplexing to the high-end category 5 supporting the full set of features in the release-8/9 
physical layer specifications. The categories are summarized in Table 7.1 (in simplified form; 
for the full set of details, see [67]). Note that, regardless of the category, a terminal is always 
capable of receiving single-stream transmissions from up to four antenna ports. This is 
necessary as the system information can be transmitted on up to four antenna ports. 

In LTE release 10, features such as carrier aggregation and uplink spatial multiplexing 
were introduced, which called for additional capability signaling compared to release 8/9, 
either in the form of additional UE categories or as separate capabilities. Defining new 
categories for each foreseen combination of the maximum number of component carriers and 
maximum degree of spatial multiplexing could be done in principle, although the number of 
categories might become very large and which categories a terminal supports may be 
frequency-band dependent. Therefore, in release 10, three additional UE categories were 
defined as seen in Table 7.1, and the maximum number of component carriers and degree of 
spatial multiplexing supported, both in uplink and downlink, are signaled separately from the 
category number. A release-10/11 terminal may therefore declare itself as, for example, 
category 4 but capable of uplink spatial multiplexing. Hence, categories 1-5 may have a 


ne 
7.5 Terminal capabilities 119 


slightly different meaning for a release-8/9 and a release-10/11 terminal, depending on the 
value of the separately declared capabilities. Furthermore, in order to be able to operate in 
release-8/9 networks, a release-10/11 terminal has to be able to declare both release-8/9 and 
release-10 categories. 

In addition to the capabilities mentioned in the different UE categories, there are some 
capabilities specified outside the categories. The duplexing schemes supported is one such 
example, and the support of UE-specific reference signals for FDD in release 8 is another. 
Whether the terminal supports other radio-access technologies, for example GSM and 
WCDMA, is also declared separately. 
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Radio-Interface Architecture 


This chapter contains a brief overview of the overall architecture of an LTE radio-access 
network and the associated core network, followed by descriptions of the radio-access 
network user-plane and control-plane protocols. 


8.1 Overall system architecture 


In parallel to the work on the LTE radio-access technology in 3GPP, the overall system 
architecture of both the Radio-Access Network (RAN) and the Core Network (CN) was 
revisited, including the split of functionality between the two network parts. This work 
was known as the System Architecture Evolution (SAE) and resulted in a flat RAN archi- 
tecture, as well as a new core-network architecture referred to as the Evolved Packet Core 
(EPC). Together, the LTE RAN and the EPC are referred to as the Evolved Packet System 
(EPS).! 

The RAN is responsible for all radio-related functionality of the overall network 
including, for example, scheduling, radio-resource handling, retransmission protocols, 
coding and various multi-antenna schemes. These functions will be discussed in detail in the 
subsequent chapters. 

The EPC is responsible for functions not related to the radio access but needed for 
providing a complete mobile-broadband network. This includes, for example, authentication, 
charging functionality, and setup of end-to-end connections. Handling these functions 
separately, instead of integrating them into the RAN, is beneficial as it allows for several 
radio-access technologies to be served by the same core network. 

Although this book focuses on the LTE RAN, a brief overview of the EPC, as well as how 
it connects to the RAN, is useful. For an excellent in-depth discussion of EPC, the reader is 
referred to [9]. 


8.1.1 Core network 


The EPC is a radical evolution from the GSM/GPRS core network used for GSM and 
WCDMA/HSPA. EPC supports access to the packet-switched domain only, with no access to 


‘UTRAN , the WCDMA/HSPA radio-access network, is also part of the EPS. 
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FIGURE 8.1 


Core network architecture 


the circuit-switched domain. It consists of several different types of nodes, some of which are 
briefly described below and illustrated in Figure 8.1. 

The Mobility Management Entity (MME) is the control-plane node of the EPC. Its 
responsibilities include connection/release of bearers to a terminal, handling of IDLE to 
ACTIVE transitions, and handling of security keys. The functionality operating between the 
EPC and the terminal is sometimes referred to as the Non-Access Stratum (NAS), to separate 
it from the Access Stratum (AS) which handles functionality operating between the terminal 
and the radio-access network. 

The Serving Gateway (S-GW) is the user-plane node connecting the EPC to the LTE RAN. 
The S-GW acts as a mobility anchor when terminals move between eNodeBs (see next 
section), as well as a mobility anchor for other 3GPP technologies (GSM/GPRS and HSPA). 
Collection of information and statistics necessary for charging is also handled by the S-GW. 

The Packet Data Network Gateway (PDN Gateway, P-GW) connects the EPC to the 
internet. Allocation of the IP address for a specific terminal is handled by the P-GW, as well as 
quality-of-service enforcement according to the policy controlled by the PCRF (see below). 
The P-GW is also the mobility anchor for non-3GPP radio-access technologies, such as 
CDMA2000, connected to the EPC. 

In addition, the EPC also contains other types of nodes such as Policy and Charging Rules 
Function (PCRF) responsible for quality-of-service (QoS) handling and charging, and the 
Home Subscriber Service (HSS) node, a database containing subscriber information. There 
are also some additional nodes present as regards to network support of Multimedia 
Broadcast Multicast Services (MBMS) (see Chapter 17 for a more detailed description of 
MBMS, including the related architecture aspects). 
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Radio-access network interfaces 


It should be noted that the nodes discussed above are logical nodes. In an actual physical 
implementation, several of them may very well be combined. For example, the MME, P-GW, 
and S-GW could very well be combined into a single physical node. 


8.1.2 Radio-access network 


The LTE radio-access network uses a flat architecture with a single type of node?—the 
eNodeB. The eNodeB is responsible for all radio-related functions in one or several cells. It is 
important to note that an eNodeB is a logical node and not a physical implementation. One 
common implementation of an eNodeB is a three-sector site, where a base station is handling 
transmissions in three cells, although other implementations can be found as well, such as one 
baseband processing unit to which a number of remote radio heads are connected. One 
example of the latter is a large number of indoor cells, or several cells along a highway, 
belonging to the same eNodeB. Thus, a base station is a possible implementation of, but not 
the same as, an eNodeB. 

As can be seen in Figure 8.2, the eNodeB is connected to the EPC by means of the 
SI interface, more specifically to the S-GW by means of the S/ user-plane part, S1-u, and to 
the MME by means of the S/ control-plane part, S1-c. One eNodeB can be connected to 
multiple MMEs/S-GWs for the purpose of load sharing and redundancy. 

The X2 interface, connecting eNodeBs to each other, is mainly used to support active- 
mode mobility. This interface may also be used for multi-cell Radio Resource Manage- 
ment (RRM) functions such as Inter-Cell Interference Coordination (ICIC) discussed in 


The introduction of MBMS (see Chapter 17) in release 9 and relaying (see Chapter 18) in release 10 brings 
additional node types to the RAN. 
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Chapter 15. The X2 interface is also used to support lossless mobility between neighboring 
cells by means of packet forwarding. 


8.2 Radio protocol architecture 


With the overall network architecture in mind, the RAN protocol architecture for the user and 
control planes can be discussed. Figure 8.3 illustrates the RAN protocol architecture (the 
MME is, as discussed in the previous section, not part of the RAN but is included in the figure 
for completeness). As seen in the figure, many of the protocol entities are common to the user 
and control planes. Therefore, although this section mainly describes the protocol architec- 
ture from a user-plane perspective, the description is in many respects also applicable to the 
control plane. Control-plane-specific aspects are discussed in Section 8.3. 

The LTE radio-access network provides one or more Radio Bearers to which IP packets 
are mapped according to their Quality-of-Service requirements. A general overview of the 
LTE (user-plane) protocol architecture for the downlink is illustrated in Figure 8.4. As will 
become clear in the subsequent discussion, not all the entities illustrated in Figure 8.4 are 
applicable in all situations. For example, neither MAC scheduling nor hybrid ARQ with soft 
combining is used for broadcast of the basic system information. The LTE protocol structure 
related to uplink transmissions is similar to the downlink structure in Figure 8.4, although 
there are some differences with respect to, for example, transport-format selection. 

The different protocol entities of the radio-access network are summarized below and 
described in more detail in the following sections. 


¢ Packet Data Convergence Protocol (PDCP) performs IP header compression to reduce 
the number of bits to transmit over the radio interface. The header-compression 
mechanism is based on Robust Header Compression (ROHC) [68], a standardized 
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Overall RAN protocol architecture 
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LTE protocol architecture (downlink) 


header-compression algorithm also used for several other mobile-communication 
technologies. PDCP is also responsible for ciphering and, for the control plane, 
integrity protection of the transmitted data, as well as in-sequence delivery and duplicate 
removal for handover. At the receiver side, the PDCP protocol performs the 
corresponding deciphering and decompression operations. There is one PDCP entity 
per radio bearer configured for a terminal. 

¢ Radio-Link Control (RLC) is responsible for segmentation/concatenation, retransmission 
handling, duplicate detection, and in-sequence delivery to higher layers. The RLC 
provides services to the PDCP. There is one RLC entity per radio bearer configured for 
a terminal. 
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FIGURE 8.5 
Example of LTE data flow 


¢ Medium-Access Control (MAC) handles multiplexing of logical channels, hybrid-ARQ 
retransmissions, and uplink and downlink scheduling. The scheduling functionality is 
located in the eNodeB for both uplink and downlink. The hybrid-ARQ protocol part 
is present in both the transmitting and receiving ends of the MAC protocol. The MAC 
provides services to the RLC in the form of logical channels. 

e Physical Layer (PHY) handles coding/decoding, modulation/demodulation, multi- 
antenna mapping, and other typical physical-layer functions. The physical layer offers 
services to the MAC layer in the form of transport channels. 


To summarize the flow of downlink data through all the protocol layers, an example 
illustration for a case with three IP packets, two on one radio bearer and one on another radio 
bearer, is given in Figure 8.5. The data flow in the case of uplink transmission is similar. The 
PDCP performs (optional) I[P-header compression, followed by ciphering. A PDCP header is 
added, carrying information required for deciphering in the terminal. The output from the 
PDCP is forwarded to the RLC. 

The RLC protocol performs concatenation and/or segmentation of the PDCP SDUs° and 
adds an RLC header. The header is used for in-sequence delivery (per logical channel) in the 
terminal and for identification of RLC PDUs in the case of retransmissions. The RLC PDUs 
are forwarded to the MAC layer, which multiplexes a number of RLC PDUs and attaches 


3In general, the data entity from/to a higher protocol layer is known as a Service Data Unit (SDU), and the 
corresponding entity to/from a lower protocol layer entity is called a Protocol Data Unit (PDU). 
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RLC segmentation and concatenation 


a MAC header to form a transport block. The transport-block size depends on the instanta- 
neous data rate selected by the link-adaptation mechanism. Thus, the link adaptation affects 
both the MAC and RLC processing. Finally, the physical layer attaches a CRC to the transport 
block for error-detection purposes, performs coding and modulation, and transmits the 
resulting signal, possibly using multiple transmit antennas. 

The remainder of the chapter contains an overview of the RLC, MAC, and physical layers. 
A more detailed description of the LTE physical-layer processing is given in Chapters 10 
(downlink) and 11 (uplink), followed by descriptions of some specific uplink and downlink 
radio-interface functions and procedures in the subsequent chapters. 


8.2.1 Radio-link control 


The RLC protocol is responsible for segmentation/concatenation of (header-compressed) IP 
packets, also known as RLC SDUs, from the PDCP into suitably sized RLC PDUs. It also 
handles retransmission of erroneously received PDUs, as well as removal of duplicated 
PDUs. Finally, the RLC ensures in-sequence delivery of SDUs to upper layers. Depending on 
the type of service, the RLC can be configured in different modes to perform some or all of 
these functions. 

Segmentation and concatenation, one of the main RLC functions, is illustrated in 
Figure 8.6. Depending on the scheduler decision, a certain amount of data is selected for 
transmission from the RLC SDU buffer and the SDUs are segmented/concatenated to create 
the RLC PDU. Thus, for LTE the RLC PDU size varies dynamically. For high data rates, a 
large PDU size results in a smaller relative overhead, while for low data rates, a small PDU 
size is required as the payload would otherwise be too large. Hence, as the LTE data rates may 
range from a few kbit/s up to 3 Gbit/s, dynamic PDU sizes are motivated for LTE in contrast 
to earlier mobile-communication technologies, which typically used a fixed PDU size. Since 
the RLC, scheduler, and rate-adaptation mechanisms are all located in the eNodeB, dynamic 
PDU sizes are easily supported for LTE. In each RLC PDU, a header is included, containing, 
among other things, a sequence number used for in-sequence delivery and by the retrans- 
mission mechanism. 


eee 
128 CHAPTER 8 Radio-Interface Architecture 


The RLC retransmission mechanism is also responsible for providing error-free delivery 
of data to higher layers. To accomplish this, a retransmission protocol operates between the 
RLC entities in the receiver and transmitter. By monitoring the sequence numbers of the 
incoming PDUs, the receiving RLC can identify missing PDUs. Status reports are then fed 
back to the transmitting RLC entity, requesting retransmission of missing PDUs. Based on 
the received status report, the RLC entity at the transmitter can take the appropriate action and 
retransmit the missing PDUs if needed. 

Although the RLC is capable of handling transmission errors due to noise, unpredictable 
channel variations, etc., error-free delivery is in most cases handled by the MAC-based 
hybrid-ARQ protocol. The use of a retransmission mechanism in the RLC may therefore 
seem superfluous at first. However, as will be discussed in Section 8.2.2.3, this is not the case 
and the use of both RLC- and MAC-based retransmission mechanisms is in fact well moti- 
vated by the differences in the feedback signaling. 

The details of RLC are further described in Chapter 12. 


8.2.2 Medium-access control 


The MAC layer handles logical-channel multiplexing, hybrid-ARQ retransmissions, and 
uplink and downlink scheduling. It is also responsible for multiplexing/demultiplexing data 
across multiple component carriers when carrier aggregation is used. 


8.2.2.1 Logical channels and transport channels 

The MAC provides services to the RLC in the form of logical channels. A logical channel is 
defined by the type of information it carries and is generally classified as a control channel, 
used for transmission of control and configuration information necessary for operating an 
LTE system, or as a traffic channel, used for the user data. The set of logical-channel types 
specified for LTE includes: 


¢ The Broadcast Control Channel (BCCH), used for transmission of system information 
from the network to all terminals in a cell. Prior to accessing the system, a terminal needs 
to acquire the system information to find out how the system is configured and, in 
general, how to behave properly within a cell. 

¢ The Paging Control Channel (PCCH), used for paging of terminals whose location on a 
cell level is not known to the network. The paging message therefore needs to be 
transmitted in multiple cells. 

¢ The Common Control Channel (CCCH), used for transmission of control information 
in conjunction with random access. 

¢ The Dedicated Control Channel (DCCH), used for transmission of control 
information to/from a terminal. This channel is used for individual configuration of 
terminals such as different handover messages. 

¢ The Multicast Control Channel (MCCH), used for transmission of control information 
required for reception of the MTCH (see below). 


a 
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The Dedicated Traffic Channel (DTCH), used for transmission of user data to/from 
a terminal. This is the logical channel type used for transmission of all uplink and 
non-MBSFN downlink user data. 

The Multicast Traffic Channel (MTCH), used for downlink transmission of MBMS 
services. 


From the physical layer, the MAC layer uses services in the form of transport channels. 


A transport channel is defined by how and with what characteristics the information is 
transmitted over the radio interface. Data on a transport channel is organized into transport 
blocks. In each Transmission Time Interval (TTI), at most one transport block of dynamic size 
is transmitted over the radio interface to/from a terminal in the absence of spatial multi- 
plexing. In the case of spatial multiplexing (MIMO), there can be up to two transport blocks 
per TTI. 


Associated with each transport block is a Transport Format (TF), specifying how the 


transport block is to be transmitted over the radio interface. The transport format includes 
information about the transport-block size, the modulation-and-coding scheme, and the 
antenna mapping. By varying the transport format, the MAC layer can thus realize different 
data rates. Rate control is also known as transport-format selection. 


The following transport-channel types are defined for LTE: 


The Broadcast Channel (BCH) has a fixed transport format, provided by the 
specifications. It is used for transmission of parts of the BCCH system information, 
more specifically the so-called Master Information Block (MIB), as described in 
Chapter 14. 

The Paging Channel (PCH) is used for transmission of paging information from the 
PCCH logical channel. The PCH supports discontinuous reception (DRX) to allow 

the terminal to save battery power by waking up to receive the PCH only at predefined 
time instants. The LTE paging mechanism is also described in Chapter 14. 

The Downlink Shared Channel (DL-SCH) is the main transport channel used for 
transmission of downlink data in LTE. It supports key LTE features such as dynamic rate 
adaptation and channel-dependent scheduling in the time and frequency domains, 
hybrid ARQ with soft combining, and spatial multiplexing. It also supports DRX to 
reduce terminal power consumption while still providing an always-on experience. The 
DL-SCH is also used for transmission of the parts of the BCCH system information 
not mapped to the BCH. There can be multiple DL-SCHs in a cell, one per terminal* 
scheduled in this TTI, and, in some subframes, one DL-SCH carrying system 
information. 

The Multicast Channel (MCH) is used to support MBMS. It is characterized by a 
semi-static transport format and semi-static scheduling. In the case of multi-cell 
transmission using MBSBN, the scheduling and transport format configuration is 


“For carrier aggregation, a terminal may receive multiple DL-SCHs, one per component carrier. 
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Downlink channel mapping 
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coordinated among the transmission points involved in the MBSEN transmission. 
MBSEN transmission is described in Chapter 17. 

e The Uplink Shared Channel (UL-SCH) is the uplink counterpart to the DL-SCH—that is, 
the uplink transport channel used for transmission of uplink data. 


In addition, the Random-Access Channel (RACH) is also defined as a transport channel, 
although it does not carry transport blocks. 

Part of the MAC functionality is multiplexing of different logical channels and mapping of 
the logical channels to the appropriate transport channels. The mapping between logical- 
channel types and transport channel types is given in Figure 8.7 for the downlink and 
Figure 8.8 for the uplink. The figures clearly indicate how DL-SCH and UL-SCH are the main 
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MAC header and SDU multiplexing 


downlink and uplink transport channels respectively. In the figures, the corresponding 
physical channels, described further below, are also included and the mapping between 
transport channels and physical channels is illustrated. 

To support priority handling, multiple logical channels, where each logical channel has its 
own RLC entity, can be multiplexed into one transport channel by the MAC layer. At the 
receiver, the MAC layer handles the corresponding demultiplexing and forwards the RLC 
PDUs to their respective RLC entity for in-sequence delivery and the other functions handled 
by the RLC. To support the demultiplexing at the receiver, a MAC header, shown in 
Figure 8.9, is used. To each RLC PDU, there is an associated sub-header in the MAC header. 
The sub-header contains the identity of the logical channel (LCID) from which the RLC PDU 
originated and the length of the PDU in bytes. There is also a flag indicating whether this 
is the last sub-header or not. One or several RLC PDUs, together with the MAC header and, 
if necessary, padding to meet the scheduled transport-block size, form one transport block 
which is forwarded to the physical layer. 

In addition to multiplexing of different logical channels, the MAC layer can also insert the 
so-called MAC control elements into the transport blocks to be transmitted over the transport 
channels. A MAC control element is used for inband control signaling—for example, timing- 
advance commands and random-access response, as described in Sections 11.6 and 14.3 
respectively. Control elements are identified with reserved values in the LCID field, where the 
LCID value indicates the type of control information. Furthermore, the length field in the 
sub-header is removed for control elements with a fixed length. 

The MAC multiplexing functionality is also responsible for handling of multiple 
component carriers in the case of carrier aggregation. The basic principle for carrier aggre- 
gation is independent processing of the component carriers in the physical layer, including 
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MAC operation in case of multiple component carriers 


control signaling, scheduling, and hybrid-ARQ retransmissions, while carrier aggregation is 
invisible to RLC and PDCP. Carrier aggregation is therefore mainly seen in the MAC layer, as 
illustrated in Figure 8.10, where logical channels, including any MAC control elements, are 
multiplexed to form one (two in the case of spatial multiplexing) transport block(s) per 
component carrier with each component carrier having its own hybrid-ARQ entity. 


8.2.2.2 Scheduling 

One of the basic principles of LTE radio access is shared-channel transmission—that is, 
time-frequency resources are dynamically shared between users. The scheduler is part of the 
MAC layer (although often better viewed as a separate entity, as illustrated in Figure 8.4) and 
controls the assignment of uplink and downlink resources in terms of so-called resource- 
block pairs. Resource-block pairs correspond to a time-frequency unit of 1 ms times 180 kHz, 
as described in more detail in Chapter 9. 

The basic operation of the scheduler is so-called dynamic scheduling, where the eNodeB in 
each | ms interval takes a scheduling decision and sends scheduling information to the selected 
set of terminals. However, there is also a possibility for semi-persistent scheduling where a 
semi-static scheduling pattern is signaled in advance to reduce the control-signaling overhead. 

Uplink and downlink scheduling are separated in LTE, and uplink and downlink sched- 
uling decisions can be taken independently of each other (within the limits set by the uplink/ 
downlink split in the case of half-duplex FDD operation). 

The downlink scheduler is responsible for (dynamically) controlling which terminal(s) to 
transmit to and, for each of these terminals, the set of resource blocks upon which the 
terminal’s DL-SCH should be transmitted. Transport-format selection (selection of transport- 
block size, modulation scheme, and antenna mapping) and logical-channel multiplexing for 
downlink transmissions are controlled by the eNodeB, as illustrated in the left part of 
Figure 8.11. As a consequence of the scheduler controlling the data rate, the RLC segmen- 
tation and MAC multiplexing will also be affected by the scheduling decision. The outputs 
from the downlink scheduler can be seen in Figure 8.4. 
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Transport-format selection in (a) downlink and (b) uplink 


The uplink scheduler serves a similar purpose, namely to (dynamically) control which 
terminals are to transmit on their respective UL-SCH and on which uplink time—frequency 
resources (including component carrier). Despite the fact that the eNodeB scheduler de- 
termines the transport format for the terminal, it is important to point out that the uplink 
scheduling decision is taken per terminal and not per radio bearer. Thus, although the eNodeB 
scheduler controls the payload of a scheduled terminal, the terminal is still responsible for 
selecting from which radio bearer(s) the data is taken. The terminal autonomously handles 
logical-channel multiplexing according to predefined rules, the parameters of which can be 
configured by the eNodeB. This is illustrated in the right part of Figure 8.11, where the eNodeB 
scheduler controls the transport format and the terminal controls the logical-channel 
multiplexing. 

Although the scheduling strategy is implementation specific and not specified by 3GPP, 
the overall goal of most schedulers is to take advantage of the channel variations between 
terminals and preferably schedule transmissions to a terminal on resources with advantageous 
channel conditions. A benefit of the use of OFDM in LTE is the possibility to exploit channel 
variations in both time and frequency domains through channel-dependent scheduling. This 
was mentioned earlier in Chapter 7 and illustrated in Figure 7.2. For the larger bandwidths 
supported by LTE, where a significant amount of frequency-selective fading may occur, the 
possibility for the scheduler to also exploit frequency-domain channel variations becomes 
increasingly important compared to exploiting time-domain variations only. This is beneficial 
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especially at low speeds, where the variations in the time domain are relatively slow 
compared to the delay requirements set by many services. 

Downlink channel-dependent scheduling is supported through channel-state information 
(CSI), reported by the terminal to the eNodeB and reflecting the instantaneous downlink 
channel quality in the time and frequency domains, as well as information necessary to 
determine the appropriate antenna processing in the case of spatial multiplexing. In the 
uplink, the channel-state information necessary for uplink channel-dependent scheduling 
can be based on a sounding reference signal transmitted from each terminal for which the 
eNodeB wants to estimate the uplink channel quality. To aid the uplink scheduler in its 
decisions, the terminal can transmit buffer-status information to the eNodeB using a MAC 
message. This information can only be transmitted if the terminal has been given a valid 
scheduling grant. For situations when this is not the case, an indicator that the terminal 
needs uplink resources is provided as part of the uplink L1/L2 control-signaling structure 
(see Chapter 11). 


8.2.2.3 Hybrid ARQ with soft combining 

Hybrid ARQ with soft combining provides robustness against transmission errors. As 
hybrid-ARQ retransmissions are fast, many services allow for one or multiple retrans- 
missions, thereby forming an implicit (closed loop) rate-control mechanism. The hybrid- 
ARQ protocol is part of the MAC layer, while the actual soft combining is handled by the 
physical layer.” 

Hybrid ARQ is not applicable for all types of traffic. For example, broadcast trans- 
missions, where the same information is intended for multiple terminals, typically do not rely 
on hybrid ARQ. Hence, hybrid ARQ is only supported for the DL-SCH and the UL-SCH, 
although its usage is optional. 

The LTE hybrid-ARQ protocol uses multiple parallel stop-and-wait processes. Upon 
reception of a transport block, the receiver makes an attempt to decode the transport block and 
informs the transmitter about the outcome of the decoding operation through a single 
acknowledgement bit, indicating whether the decoding was successful or if a retransmission 
of the transport block is required. Further details on transmission of hybrid-ARQ acknowl- 
edgements are found in Chapters 10—12. The receiver must know to which hybrid-ARQ 
process a received acknowledgement is associated. This is solved by using the timing of 
the acknowledgement for association with a certain hybrid-ARQ process. Note that, in the 
case of TDD operation, the time relation between the reception of data in a certain hybrid- 
ARQ process and the transmission of the acknowledgement is also affected by the uplink/ 
downlink allocation. 

The use of multiple parallel hybrid-ARQ processes, illustrated in Figure 8.12, for each 
user can result in data being delivered from the hybrid-ARQ mechanism out of sequence. For 
example, transport block 5 in the figure was successfully decoded before transport block 1, 


>The soft combining is done before or as part of the channel decoding, which is a physical-layer functionality. 
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FIGURE 8.12 
Multiple parallel hybrid-ARQ processes 


which required retransmissions. In-sequence delivery of data is therefore ensured by the RLC 
layer. The same reordering mechanism in the RLC is also used to handle in-sequence delivery 
across multiple component carriers in the case of carrier aggregation. As mentioned above, 
the hybrid-ARQ retransmissions are handled independently per component carrier, which 
may result in out-of-sequence delivery in a similar way as within a component carrier. 

Downlink retransmissions may occur at any time after the initial transmission—that is, the 
protocol is asynchronous—and an explicit hybrid-ARQ process number is used to indicate 
which process is being addressed. In an asynchronous hybrid-ARQ protocol, the retrans- 
missions are in principle scheduled similarly to the initial transmissions. Uplink retrans- 
missions, on the other hand, are based on a synchronous protocol, the retransmission occurs at 
a predefined time after the initial transmission, and the process number can be implicitly 
derived. In a synchronous protocol the time instant for the retransmissions is fixed once the 
initial transmission has been scheduled, which must be accounted for in the scheduling 
operation. However, note that the scheduler knows from the hybrid-ARQ entity in the 
eNodeB whether a terminal will perform a retransmission or not. 

The hybrid-ARQ mechanism will rapidly correct transmission errors due to noise or 
unpredictable channel variations. As discussed above, the RLC is also capable of requesting 
retransmissions, which at first sight may seem unnecessary. However, the reason for having 
two retransmission mechanisms on top of each other can be seen in the feedback signaling. 
Hybrid ARQ provides fast retransmissions, but due to errors in the feedback, the residual 
error rate is typically too high for, for example, good TCP performance, while RLC ensures 
(almost) error-free data delivery but slower retransmissions than the hybrid-ARQ protocol. 
Hence, the combination of hybrid ARQ and RLC provides an attractive combination of small 
round-trip time and reliable data delivery. Furthermore, as the RLC and hybrid ARQ are 
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located in the same node, tight interaction between the two is possible, as discussed in 
Chapter 12. 


8.2.3 Physical layer 


The physical layer is responsible for coding, physical-layer hybrid-ARQ processing, mod- 
ulation, multi-antenna processing, and mapping of the signal to the appropriate physical 
time-frequency resources. It also handles mapping of transport channels to physical channels, 
as shown in Figures 8.7 and 8.8. 

As mentioned in the introduction, the physical layer provides services to the MAC layer in 
the form of transport channels. Data transmission in downlink and uplink use the DL-SCH 
and UL-SCH transport-channel types respectively. There is at most one or, in the case of 
spatial multiplexing, two transport blocks per TTI on a DL-SCH or UL-SCH. In the case of 
catrier aggregation, there is one DL-SCH (or UL-SCH) per component carrier as seen by the 
terminal. 

A physical channel corresponds to the set of time-frequency resources used for trans- 
mission of a particular transport channel and each transport channel is mapped to a corre- 
sponding physical channel, as shown in Figures 8.7 and 8.8. In addition to the physical 
channels with a corresponding transport channel, there are also physical channels without a 
corresponding transport channel. These channels, known as L1/L2 control channels, are used 
for downlink control information (DCI), providing the terminal with the necessary infor- 
mation for proper reception and decoding of the downlink data transmission, and uplink 
control information (UCI) used for providing the scheduler and the hybrid-ARQ protocol 
with information about the situation at the terminal. 

The following physical-channel types are defined for LTE: 


¢ The Physical Downlink Shared Channel (PDSCH) is the main physical channel used for 
unicast data transmission, but also for transmission of paging information. 

¢ The Physical Broadcast Channel (PBCH) carries part of the system information, 
required by the terminal in order to access the network. 

¢ The Physical Multicast Channel (PMCH) is used for MBSEN transmission. 

¢ The Physical Downlink Control Channel (PDCCH) is used for downlink control 
information, mainly scheduling decisions, required for reception of PDSCH, and for 
scheduling grants enabling transmission on the PUSCH. 

¢ The Enhanced Physical Downlink Control Channel (EPDCCH) was introduced in 
release 11. It essentially serves the same purpose as the PDCCH, but allows for 
transmission of the control information in a more flexible way. 

¢ The Relay Physical Downlink Control Channel (R-PDCCH) was introduced in release 10 
and is used to carry L1/L2 control signaling on the donor-eNodeB-to-relay link. 

¢ The Physical Hybrid-ARQ Indicator Channel (PHICH) carries the hybrid-ARQ 
acknowledgement to indicate to the terminal whether a transport block should be 
retransmitted or not. 


ne 0 
8.3 Control-plane protocols 137 


¢ The Physical Control Format Indicator Channel (PCFICH) is a channel providing 
the terminals with information necessary to decode the set of PDCCHs. There is only one 
PCFICH per component carrier. 

¢ The Physical Uplink Shared Channel (PUSCH) is the uplink counterpart to the 
PDSCH. There is at most one PUSCH per uplink component carrier per terminal. 

¢ The Physical Uplink Control Channel (PUCCH) is used by the terminal to send hybrid- 
ARQ acknowledgements, indicating to the eNodeB whether the downlink transport 
block(s) was successfully received or not, to send channel-state reports aiding downlink 
channel-dependent scheduling, and for requesting resources to transmit uplink data 
upon. There is at most one PUCCH per terminal. 

¢ The Physical Random-Access Channel (PRACH) is used for random access, as 
described in Chapter 14. 


Note that some of the physical channels, more specifically the channels used for downlink 
control information (PCFICH, PDCCH, PHICH, EPDCCH, R-PDCCH) and uplink control 
information (PUCCH), do not have a corresponding transport channel mapped to them. 

The remaining downlink transport channels are based on the same general physical-layer 
processing as the DL-SCH, although with some restrictions in the set of features used. This 
is especially true for PCH and MCH transport channels. For the broadcast of system infor- 
mation on the BCH, a terminal must be able to receive this information channel as one of the 
first steps prior to accessing the system. Consequently, the transmission format must be 
known to the terminals a priori and there is no dynamic control of any of the transmission 
parameters from the MAC layer in this case. The BCH is also mapped to the physical resource 
(the OFDM time-frequency grid) in a different way, as described in more detail in 
Chapter 14. 

For transmission of paging messages on the PCH, dynamic adaptation of the transmission 
parameters can, to some extent, be used. In general, the processing in this case is similar to the 
generic DL-SCH processing. The MAC can control modulation, the amount of resources, and 
the antenna mapping. However, as an uplink has not yet been established when a terminal is 
paged, hybrid ARQ cannot be used as there is no possibility for the terminal to transmit a 
hybrid-ARQ acknowledgement. 

As described in Chapter 3, the MCH is used for MBMS transmissions, typically with 
single-frequency network operation, by transmitting from multiple cells on the same 
resources with the same format at the same time. Hence, the scheduling of MCH trans- 
missions must be coordinated between the cells involved and dynamic selection of trans- 
mission parameters by the MAC is not possible. 


8.3 Control-plane protocols 


The control-plane protocols are, among other things, responsible for connection setup, 
mobility, and security. Control messages transmitted from the network to the terminals can 
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originate either from the MME, located in the core network, or from the Radio Resource 
Control (RRC), located in the eNodeB. 

NAS control-plane functionality, handled by the MME, includes EPS bearer management, 
authentication, security, and different idle-mode procedures such as paging. It is also 
responsible for assigning an IP address to a terminal. For a detailed discussion about the NAS 
control-plane functionality, see [9]. 

The RRC is located in the eNodeB and is responsible for handling the RAN-related 
procedures, including: 


e Broadcast of system information necessary for the terminal to be able to communicate 
with a cell. Acquisition of system information is described in Chapter 14. 

e Transmission of paging messages originating from the MME to notify the terminal about 
incoming connection requests. Paging, discussed further in Chapter 14, is used in the 
RRC_IDLE state (described further below) when the terminal is not connected to a 
particular cell. Indication of system-information updates is another use of the paging 
mechanism, as is public warning systems. 

¢ Connection management, including setting up bearers and mobility within LTE. This 
includes establishing an RRC context—that is, configuring the parameters necessary for 
communication between the terminal and the radio-access network. 

¢ Mobility functions such as cell (re)selection. 

e Measurement configuration and reporting. 

e Handling of UE capabilities; when connection is established the terminal will announce 
its capabilities as all terminals are not capable of supporting all the functionality 
described in the LTE specifications, as briefly discussed in Chapter 7. 


RRC messages are transmitted to the terminal using signaling radio bearers (SRBs), using 
the same set of protocol layers (PDCP, RLC, MAC and PHY) as described in Section 8.2. The 
SRB is mapped to the common control channel (CCCH) during establishment of connection 
and, once a connection is established, to the dedicated control channel (DCCH). Control- 
plane and user-plane data can be multiplexed in the MAC layer and transmitted to the 
terminal in the same TTI. The aforementioned MAC control elements can also be used for 
control of radio resources in some specific cases where low latency is more important than 
ciphering, integrity protection, and reliable transfer. 


8.3.1 State machine 


In LTE, a terminal can be in two different states (as illustrated in Figure 8.13), 
RRC_CONNECTED and RRC_IDLE. 

In RRC_CONNECTED, there is an RRC context established—that is, the parameters 
necessary for communication between the terminal and the radio-access network are known 
to both entities. The cell to which the terminal belongs is known and an identity of the ter- 
minal, the Cell Radio-Network Temporary Identifier (C-RNTD), used for signaling purposes 


a = = 
8.3 Control-plane protocols 139 


aaa ae 


RRC_IDLE RRC_CONNECTED 


= Monitors PCH = Connected to known cell 
according to DRX cycle 


OUT_OF SYNC | IN_SYNC 


DL reception possible = DL reception possible 
1" No UL transmission : 1® UL transmission possible 


' 
1 
‘ 


FIGURE 8.13 
LTE states 


between the terminal and the network, has been configured. RRC_CONNECTED is intended 
for data transfer to/from the terminal, but discontinuous reception (DRX) can be configured 
in order to reduce terminal power consumption (DRX is described in further detail in 
Chapter 13). Since there is an RRC context established in the eNodeB in RRC_CON- 
NECTED, leaving DRX and starting to receive/transmit data is relatively fast as no 
connection with its associated signaling is needed. 

Although expressed differently in the specifications, RRC_CONNECTED can be thought 
of as having two substates, IN_SYNC and OUT_OF_SYNC, depending on whether the 
uplink is synchronized to the network or not. Since LTE uses an orthogonal FDMA/ 
TDMA-based uplink, it is necessary to synchronize the uplink transmission from different 
terminals such that they arrive at the receiver at (approximately) the same time. The pro- 
cedure for obtaining and maintaining uplink synchronization is described in Chapter 11, but 
in short the receiver measures the arrival time of the transmissions from each actively 
transmitting terminal and sends timing-correction commands in the downlink. As long as the 
uplink is synchronized, uplink transmission of user data and L1/L2 control signaling is 
possible. If no uplink transmission has taken place within a configurable time window, timing 
alignment is not possible and the uplink is declared to be non-synchronized. In this case, the 
terminal needs to perform a random-access procedure to restore uplink synchronization prior 
to transmission of uplink data or control information. 

In RRC_IDLE, there is no RRC context in the radio-access network and the terminal does 
not belong to a specific cell. No data transfer may take place as the terminal sleeps most of the 
time in order to reduce battery consumption. Uplink synchronization is not maintained and 
hence the only uplink transmission activity that may take place is random access, discussed in 
Chapter 14, to move to RRC_CONNECTED. When moving to RRC_CONNECTED the 
RRC context needs to be established in both the radio-access network and the terminal. 
Compared to leaving DRX this takes a somewhat longer time. In the downlink, terminals in 
RRC_IDLE periodically wake up in order to receive paging messages, if any, from the 
network, as described in Chapter 14. 


ee 


Physical Transmission Resources 


In Chapter 8, the overall LTE architecture was discussed, including an overview of the 
different protocol layers. Prior to discussing the detailed LTE downlink and uplink trans- 
mission schemes, a description of the basic time-frequency transmission resource of LTE will 
be provided in this chapter. An overview of the concept of antenna ports will also be 
provided. 


9.1 Overall time-frequency structure 


OFDM is the basic transmission scheme for both the downlink and uplink transmission di- 
rections in LTE, although, for the uplink, specific means are taken to reduce the cubic metric 
of the transmitted signal, thereby allowing for improved efficiency for the terminal transmitter 
power amplifier. Thus, for uplink user data and higher-layer control signaling corresponding 
to transmission of the PUSCH physical channel, DFT precoding is applied before OFDM 
modulation, leading to DFT-spread OFDM or DFTS-OFDM, as described in Chapter 4. 
As will be described in Chapter 11, for other uplink transmissions, such as the transmission of 
LI/L2 control signaling and different types of reference-signal transmissions, other means are 
taken to limit the cubic metric of the transmitted signal. 

The LTE OFDM subcarrier spacing equals 15 kHz for both downlink and uplink. As 
discussed in Chapter 3, the selection of the subcarrier spacing in an OFDM-based system 
needs to carefully balance overhead from the cyclic prefix against sensitivity to Doppler 
spread/shift and other types of frequency errors and inaccuracies. The choice of 15 kHz for 
the LTE subcarrier spacing was found to offer a good balance between these different 
constraints. 

Assuming an FFT-based transmitter/receiver implementation, 15 kHz subcarrier spacing 
corresponds to a sampling rate fg = 15000 Ngpy, where Ngrr is the FFT size. It is important to 
understand though that the LTE specifications do not in any way mandate the use of 
FFT-based transmitter/receiver implementations and even less so a particular FFT size or 
sampling rate. Nevertheless, FFT-based implementations of OFDM are common practice and 
an FFT size of 2048, with a corresponding sampling rate of 30.72 MHz, is suitable for the 
wider LTE carrier bandwidths (such as bandwidths of the order of 15 MHz and above). 
However, for smaller carrier bandwidths, a smaller FFT size and a correspondingly lower 
sampling rate can very well be used. 
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LTE time-domain structure 


In addition to the 15 kHz subcarrier spacing, a reduced subcarrier spacing of 7.5 kHz, 
with a corresponding OFDM symbol time that is twice as long, is also defined for LTE. The 
introduction of the reduced subcarrier spacing specifically targeted MBSFN-based multicast/ 
broadcast transmissions (see Chapter 17). However, currently the 7.5 kHz subcarrier 
numerology is only partly implemented in the LTE specifications. The remaining discussions 
within this and the following chapters will assume the 15 kHz subcarrier spacing unless 
explicitly stated otherwise. 

In the time domain, LTE transmissions are organized into frames of length 10 ms, each of 
which is divided into ten equally sized subframes of length 1 ms, as illustrated in Figure 9.1. 
Each subframe consists of two equally sized slots of length Tyj., = 0.5 ms, with each slot 
consisting of a number of OFDM symbols including cyclic prefix.’ To provide consistent and 
exact timing definitions, different time intervals within the LTE specifications are defined as 
multiples of a basic time unit T, = 1/(15000- 2048). The basic time unit 7, can thus be seen as 


'This is valid for the “normal” downlink subframes. As described in Section 9.4, the special subframe present 
in case of TDD operation is not divided into two slots but rather into three fields. 
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the sampling time of an FFT-based transmitter/receiver implementation with an FFT size 
equal to 2048. The time intervals outlined in Figure 9.1 can also be expressed as Tframe = 
307200:7;, Tsubframe = 30720-7;, and Tyo, = 15360-T; for the frame, subframe, and slot 
durations respectively. 

On a higher level, each frame is identified by a System Frame Number (SEN). The SEN is 
used to define different transmission cycles that have a period longer than one frame, such as 
paging sleep-mode cycles and periods for channel-state reporting. The SFN period equals 
1024, thus the SFN repeats itself after 1024 frames or roughly 10 seconds. 

The 15 kHz LTE subcarrier spacing corresponds to a useful symbol time 7, = 2048-7; or 
approximately 66.7 j1s. The overall OFDM symbol time is then the sum of the useful symbol 
time and the cyclic-prefix length Tcp. As illustrated in Figure 9.1, LTE defines two cyclic- 
prefix lengths, the normal cyclic prefix and an extended cyclic prefix, corresponding to 
seven and six OFDM symbols per slot respectively. The exact cyclic-prefix lengths, expressed 
in the basic time unit 7, are given in Figure 9.1. It can be noted that, in the case of the normal 
cyclic prefix, the cyclic-prefix length for the first OFDM symbol of a slot is somewhat larger 
compared to the remaining OFDM symbols. The reason for this is simply to fill the entire 
0.5 ms slot, as the number of basic time units T, per slot (15360) is not divisible by seven. 

The reasons for defining two cyclic-prefix lengths for LTE are twofold: 


e A longer cyclic prefix, although less efficient from a cyclic-prefix-overhead point of 
view, may be beneficial in specific environments with extensive delay spread, for 
example in very large cells. It is important to have in mind, though, that a longer 
cyclic prefix is not necessarily beneficial in the case of large cells, even if the delay 
spread is very extensive in such cases. If, in large cells, link performance is limited by 
noise rather than by signal corruption due to residual time dispersion not covered by 
the cyclic prefix, the additional robustness to radio-channel time dispersion, due to the 
use of a longer cyclic prefix, may not justify the corresponding additional energy 
overhead of a longer cyclic prefix. 

¢ As already discussed in Chapter 3, in the case of MBSFN-based multicast/broadcast 
transmission, the cyclic prefix should not only cover the main part of the actual 
channel time dispersion, but also the timing difference between the transmissions 
received from the cells involved in the MBSFN transmission. In the case of MBSFN 
operation, the extended cyclic prefix is therefore used. 


It should be noted that different cyclic-prefix lengths may be used for different subframes 
within a frame. As an example, to be discussed further in Chapter 17, MBSFN-based 
multicast/broadcast transmission is always confined to a limited set of subframes, in which 
case the use of the extended cyclic prefix, with its associated additional cyclic-prefix 
overhead, may only be applied to these subframes.” 


The extended cyclic prefix is then actually applied only to the so-called MBSEN part of the MBSFN sub- 
frames (see Section 9.2). 
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The LTE physical time-frequency resource 


A resource element, consisting of one subcarrier during one OFDM symbol, is the 
smallest physical resource in LTE. Furthermore, as illustrated in Figure 9.2, resource ele- 
ments are grouped into resource blocks, where each resource block consists of 12 
consecutive subcarriers in the frequency domain and one 0.5 ms slot in the time 
domain. Each resource block thus consists of 7-12 = 84 resource elements in the case of a 
normal cyclic prefix and 6-12 = 72 resource elements in the case of an extended cyclic 
prefix. 

Although resource blocks are defined over one slot, the basic time-domain unit for 
dynamic scheduling in LTE is one subframe, consisting of two consecutive slots. The reason 
for defining the resource blocks over one slot is that distributed downlink transmission 
(described in Chapter 10) and uplink frequency hopping (described in Chapter 11) are 
defined on a slot basis. The minimum scheduling unit, consisting of two time-consecutive 
resource blocks within one subframe (one resource block per slot), is referred to as a 
resource-block pair. 

The LTE physical-layer specifications allow for a carrier to consist of any number of 
resource blocks in the frequency domain, ranging from a minimum of six resource blocks up 
to a maximum of 110 resource blocks. This corresponds to an overall transmission bandwidth 
ranging from roughly 1 MHz up to in the order of 20 MHz with very fine granularity and thus 
allows for a very high degree of LTE bandwidth flexibility, at least from a physical-layer- 
specification point of view. However, as mentioned in Chapter 7, LTE radio-frequency 
requirements are, at least initially, only specified for a limited set of transmission band- 
widths, corresponding to a limited set of possible values for the number of resource blocks 
within a carrier. Also note that, in LTE release 10 and later, the total bandwidth of the 
transmitted signal can be as large as 100 MHz by aggregating multiple carriers, as mentioned 
in Chapter 7 and further described in Section 9.5. 
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Frequency-domain structure for LTE 


The resource-block definition above applies to both the downlink and uplink transmission 
directions. However, there is a minor difference between the downlink and uplink in terms of 
where the carrier center frequency is located in relation to the subcarriers. 

In the downlink (upper part of Figure 9.3), there is an unused DC-subcarrier that coincides 
with the carrier center frequency. The reason why the DC-subcarrier is not used for downlink 
transmission is that it may be subject to disproportionately high interference due to, for 
example, local-oscillator leakage. 

On the other hand, in the uplink (lower part of Figure 9.3), no unused DC-subcarrier is 
defined and the center frequency of an uplink carrier is located between two uplink sub- 
carriers. The presence of an unused DC-carrier in the center of the spectrum would have 
prevented the assignment of the entire cell bandwidth to a single terminal and while still 
retaining the assumption of mapping to consecutive inputs of the OFDM modulator, some- 
thing that is needed to retain the low-cubic-metric property of the DFTS-OFDM modulation 
used for uplink data transmission. 


9.2 Normal subframes and MBSFN subframes 


In LTE, each downlink subframe (and the DwPTS in the case of TDD; see Section 9.4.2 for a 
discussion of the TDD frame structure) is normally divided into a control region, consisting of 
the first few OFDM symbols, and a data region, consisting of the remaining part of the 
subframe. The usage of the resource elements in the two regions will be discussed in detail in 
Chapter 10; at this stage all we need to know is that the control region carries L1/L2 signaling 
necessary to control uplink and downlink data transmissions. 
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Resource-block structure for MBSFN subframes, assuming normal cyclic prefix for the control 
region and extended cyclic prefix for the MBSFN region 


Additionally, from the first release of LTE so-called MBSF'N subframes have been defined. 
The original intention with MBSFN subframes was, as indicated by the name, to support 
MBSEN transmission, as described in Chapter 17. However, MBSEN subframes have also 
been found to be useful in other contexts, for example as part of relaying functionality as 
discussed in Chapter 18. Hence, MBSEN subframes are therefore better seen as a generic tool 
and not related to MBSEN transmission only. 

An MBSEN subframe, illustrated in Figure 9.4, consists of a control region of length one 
or two OFDM symbols, which is in essence identical to its counterpart in a normal subframe, 
followed by an MBSFN region whose contents depend on the usage of the MBSEN subframe. 
The reason for keeping the control region also in MBSEN subframes is, for example, to be 
able to transmit control signaling necessary for uplink transmissions. All terminals, from LTE 
release 8 and onwards, are capable of receiving the control region of an MBSFN subframe. 
This is the reason why MBSEN subframes have been found useful as a generic tool to 
introduce, in a backwards-compatible way, new types of signaling and transmission not part 
of an earlier release of the LTE radio-access specification. Such transmissions can be carried 
within the MBSEN region of the subframe and earlier-release terminals, not recognizing these 
transmissions, will simply ignore them. 

Information about the set of subframes that are configured as MBSEN subframes in a cell 
is provided as part of the system information. In principle, an arbitrary pattern of MBSFN 
subframes can be configured with the pattern repeating after 40 ms.° However, as information 
necessary to operate the system (to be more specific, synchronization signals, system in- 
formation, and paging, all of which will be discussed in detail in later chapters) needs to be 
transmitted in order for terminals to find and connect to a cell, subframes where such 
information is provided cannot be configured as MBSEN subframes. Therefore, subframes 
0, 4, 5, and 9 for FDD and subframes 0, 1, 5, and 6 for TDD cannot be configured as 


>The reason for 40 ms is that both the 10 ms frame length and the 8 ms hybrid-ARQ roundtrip-time are factors 
in 40 ms, which is important for many use cases, for example, relaying (see further Chapter 18). 
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MBSEN subframes, leaving the remaining six subframes of a frame as candidates for MBSFN 
subframes. 


9.3 Antenna ports 


Downlink multi-antenna transmission is a key technology of LTE. Signals transmitted from 
different antennas or signals subject to different and, for the receiver, unknown multi-antenna 
precoders (see Section 10.3) will experience different “radio channels” even if the set of 
antennas are located at the same site.* 

In general it is important for a terminal to understand what it can assume in terms of the 
relation between the radio channels experienced by different downlink transmissions. This is, 
for example, important in order for the terminal to be able to understand what reference 
signal(s) should be used for channel estimation for a certain downlink transmission. It is also 
important in order for the terminal to be able to determine relevant channel-state information, 
for example for scheduling and link-adaptation purposes. 

For this reason, the concept of antenna port has been introduced in the LTE specifications. 
Each individual downlink transmission is carried out from a specific antenna port, the identity 
of which is known to the terminal. Furthermore, the terminal can assume that two transmitted 
signals have experienced the same radio channel if and only if they are transmitted from the 
same antenna port.” 

In practice, each antenna port can, at least for the downlink, be seen as corresponding to a 
specific reference signal. A terminal receiver can then assume that this reference signal can be 
used to estimate the channel corresponding to the specific antenna port. The reference signals 
can also be used by the terminal to derive detailed channel-state information related to the 
antenna port. 

It should be understood that an antenna port is an abstract concept that does not necessarily 
correspond to a specific physical antenna: 


¢ Two different signals may be transmitted in the same way from multiple physical 
antennas. A terminal receiver will then see the two signals as propagating over a single 
channel corresponding to the “sum” of the channels of the different antennas, and the 
overall transmission could be seen as a transmission from a single antenna port being 
the same for the two signals. 

¢ Two signals may be transmitted from the same set of antennas, but with different, for 
the receiver unknown, antenna transmitter-side precoders. A receiver will have to see the 
unknown antenna precoders as part of the overall channel, implying that the two signals 
will appear as having been transmitted from two different antenna ports. It should be 


*An unknown transmitter-side precoder needs to be seen as part of the overall radio channel. 
>For certain antenna ports, more specifically those that correspond to so-called demodulation reference signals, 
the assumption of the same radio channel is only valid within a given subframe. 
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noted that if the antenna precoders of the two transmissions would have been known to 
be the same, the transmissions could have been seen as originating from the same 
antenna port. The same would have been true if the precoders would have been known to 
the receiver as, in that case, the precoders would not need to be seen as part of the radio 
channel. 


9.3.1 Quasi-co-located antenna ports 


Even if two signals have been transmitted from two different antennas, the channels expe- 
rienced by the two signals may still have many /arge-scale properties in common. As an 
example, the channels experienced by two signals transmitted from two different antenna 
ports corresponding to different physical antennas at the same site will, even if being different 
in the details, typically have the same or at least similar large-scale properties, for example, in 
terms of Doppler spread/shift, average delay spread, and average gain. It can also be expected 
that the channels will introduce similar average delay. Knowing that the radio channels 
corresponding to two different antenna ports have similar large-scale properties can be used 
by the terminal receiver, for example, in the setting of parameters for channel estimation. 

However, with the introduction of different types of multi-point transmission in LTE 
release 11, different downlink transmit antennas serving the same terminal may be much 
more geographically separated. In that case, the channels of different antenna ports relevant 
for a terminal may differ even in terms of large-scale properties. 

For this reason the concept of quasi-co-location with respect to antenna ports was 
introduced as part of LTE release 11. A terminal receiver can assume that the radio channels 
corresponding to two different antenna ports have the same large-scale properties in terms of 
specific parameters such as average delay spread, Doppler spread/shift, average delay and 
average gain if and only if the antenna ports are specified as being quasi-co-located. Whether 
or not two specific antenna ports can be assumed to be quasi-co-located with respect to a 
certain channel property is in some cases given by the LTE specification. In other cases, the 
terminal may be explicitly informed by the network by means of signaling if two specific 
antenna ports can be assumed to be quasi-co-located or not. 

As the name suggests, in practice, two antenna ports will typically be “quasi-co-located” if 
they correspond to physical antennas at the same location, while two antenna ports corre- 
sponding to antennas at different locations would typically not be “quasi-co-located.” 
However, there is nothing explicitly stated in the specification about this, and quasi-co- 
location is simply defined with regards to what can be assumed regarding the relation 
between the long-term channel properties of different antenna ports. 


9.4 Duplex schemes 


Spectrum flexibility is one of the key features of LTE. In addition to the flexibility in 
transmission bandwidth, LTE also supports operation in both paired and unpaired spectrum 
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Uplink/downlink time-frequency structure in case of FDD and TDD 


by supporting both FDD- and TDD-based duplex operation with the time-frequency struc- 
tures illustrated in Figure 9.5. Although the time-domain structure is, in most respects, the 
same for FDD and TDD, there are some differences, most notably the presence of a special 
subframe in the case of TDD. The special subframe is used to provide the necessary guard 
time for downlink—uplink switching, as discussed below. 


9.4.1 Frequency-division duplex (FDD) 


In the case of FDD operation, uplink and downlink are carried on different carrier fre- 
quencies, denoted fy, and fp, in the upper part of Figure 9.5. During each frame, there are 
thus ten uplink subframes and ten downlink subframes, and uplink and downlink transmission 
can occur simultaneously within a cell. Isolation between downlink and uplink transmissions 
is achieved by transmission/reception filters, known as duplex filters, and a sufficiently large 
duplex separation in the frequency domain. 

Even if uplink and downlink transmission can occur simultaneously within a cell in the 
case of FDD operation, a terminal may be capable of full-duplex operation or only half-duplex 
operation for a certain frequency band, depending on whether or not it is capable of simul- 
taneous transmission/reception. In the case of full-duplex capability, transmission and 
reception may also occur simultaneously at a terminal, whereas a terminal capable of only 
half-duplex operation cannot transmit and receive simultaneously. As mentioned in Chapter 7, 
supporting only half-duplex operation allows for simplified terminal implementation due to 
relaxed duplex-filter requirements. This applies especially for certain frequency bands with a 
narrow duplex gap. Hence, full duplex support is frequency-band dependent such that a 
terminal may support only half-duplex operation in certain frequency bands while being 
capable of full-duplex operation in the remaining supported bands. It should be noted that full/ 
half-duplex capability is a property of the terminal; the base station is operating in full duplex 
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irrespective of the terminal capabilities. As the relevant transmission structures and timing 
relations are identical between full-duplex and half-duplex FDD, a single cell may simulta- 
neously support a mixture of full-duplex and half-duplex FDD terminals. Half-duplex 
operation has an impact on the sustained data rates that can be provided to/from a single 
mobile terminal as it cannot transmit in all uplink subframes, but the cell capacity is hardly 
affected as typically it is possible to schedule different terminals in uplink and downlink in a 
given subframe. 

Since a half-duplex terminal is not capable of simultaneous transmission and reception, 
the scheduling decisions must take this into account and half-duplex operation can be seen as 
a scheduling restriction, as will be discussed in more detail in Chapter 13. If a terminal is 
scheduled such that downlink reception in one subframe immediately precedes a subframe of 
uplink transmission, a guard time is necessary for the terminal to switch from reception to 
transmission. This is created in such cases by allowing the terminal to skip receiving’ the last 
OFDM symbol(s) in the downlink subframe, as illustrated in Figure 9.6. 

Finally, it is worth noting that all FDD frequency bands specified by RAN4 so far (2013) 
are full-duplex-only bands—that is, it is assumed that, for these bands, all terminals support 
full-duplex operation. 


9.4.2 Time-division duplex (TDD) 


In the case of TDD operation (lower part of Figure 9.5), there is a single carrier frequency and 
uplink and downlink transmissions are separated in the time domain on a cell basis. As seen in 
the figure, some subframes are allocated for uplink transmissions, and some subframes are 
allocated for downlink transmission, with the switch between downlink and uplink occurring 
ina special subframe (subframe 1 and, for some downlink/uplink configurations, also subframe 
6). Different asymmetries in terms of the amount of resources—that is, subframes— 
allocated for uplink and downlink transmission respectively are provided through the seven 


©The impact on the decoding performance can be accounted for by the rate adaptation mechanism. For very 
high data rates, the performance impact may be somewhat larger due to the downlink interleaving structure, in 
which case it may be preferable not to schedule an uplink transmission immediately after a downlink reception. 
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Different downlink/uplink configurations in case of TDD 


different downlink/uplink configurations illustrated in Figure 9.7. As seen in the figure, sub- 
frames 0 and 5 are always allocated for downlink transmission while subframe 2 is always 
allocated for uplink transmissions. The remaining subframes (except the special subframe; see 
below) can then be flexibly allocated for downlink or uplink transmission depending on the 
downlink/uplink configuration. To avoid severe interference between downlink and uplink 
transmissions in different cells, neighboring cells typically have the same downlink/uplink 
configuration. This makes it difficult to change the downlink/uplink configuration dynamically, 
for example on a frame-by-frame basis. Therefore, the current LTE specification assumes that 
the downlink/uplink configuration is relatively static. It can be changed on a very slow basis 
though, in order to adapt to changing traffic patterns. It could also, in principle, be different in 
different areas, for example to match different traffic patterns, although inter-cell interference 
needs to be carefully addressed in this case. 

As the same carrier frequency is used for uplink and downlink transmission, both the base 
station and the terminal need to switch from transmission to reception and vice versa. The 
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switch between downlink and uplink occurs in the special subframe, which is split into three 
parts: a downlink part (DwPTS), a guard period (GP), and an uplink part (UpPTS). 

The DwPTS is in essence treated as a normal downlink subframe,’ although the amount of 
data that can be transmitted is smaller due to the reduced length of the DwPTS compared to a 
normal subframe. The UpPTS, however, is not used for data transmission due to the very short 
duration. Instead, it can be used for channel sounding or random access. It can also be left 
empty, in which case it serves as an extra guard period. 

An essential aspect of any TDD system is the possibility to provide a sufficiently large 
guard period (or guard time), where neither downlink nor uplink transmissions occur. This 
guard period is necessary for switching from downlink to uplink transmission and vice versa 
and, as already mentioned, is obtained from the special subframe. The required length of the 
guard period depends on several factors. First, it should be sufficiently large to provide the 
necessary time for the circuitry in base stations and the terminals to switch from downlink to 
uplink. Switching is typically relatively fast, of the order of 20 microseconds, and in most 
deployments does not significantly contribute to the required guard time. 

Secondly, the guard time should also ensure that uplink and downlink transmissions do not 
interfere at the base station. This is handled by advancing the uplink timing at the terminals 
such that, at the base station, the last uplink subframe before the uplink-to-downlink switch 
ends before the start of the first downlink subframe. The uplink timing of each terminal can be 
controlled by the base station by using the timing advance mechanism, as will be elaborated 
upon in Chapter 11. The guard period must be large enough to allow the terminal to receive 
the downlink transmission and switch from reception to transmission before it starts the 
(timing-advanced) uplink transmission. In essence, some of the guard period of the special 
subframe is “moved” from the downlink-to-uplink switch to the uplink-to-downlink switch 
by the timing-advance mechanism. This is illustrated in Figure 9.8. As the timing advance is 
proportional to the distance to the base station, a larger guard period is required when 
operating in large cells compared to small cells. 

Finally, the selection of the guard period also needs to take interference between base 
stations into account. In a multi-cell network, inter-cell interference from downlink trans- 
missions in neighboring cells must decay to a sufficiently low level before the base station can 
start to receive uplink transmissions. Hence, a larger guard period than is motivated by the cell 
size itself may be required as the last part of the downlink transmissions from distant base 
stations otherwise may interfere with uplink reception. The amount of guard period depends 
on the propagation environments, but in some cases the inter-base-station interference is a 
non-negligible factor when determining the guard period. 

From the above discussion, it is clear that a sufficient amount of configurability of the 
guard period is needed to meet different deployment scenarios. Therefore, a set of DwPTS/ 
GP/UpPTS configurations is supported as shown in Table 9.1, where each configuration 


7For the shortest DwPTS duration of 3 OFDM symbols, DwPTS cannot be used for PDSCH transmission. 
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Table 9.1 Resulting Guard Period in OFDM Symbols for Different DwPTS and UpPTS 
Lengths (Normal Cyclic Prefix) 


DwPTS 


“The 6:6:2 configuration was added in release 11 to improve efficiency when coexisting with some common TD-SCDMA 
configurations (terminals prior to release 11 use 3:9:2). 


corresponds to a given length of the three fields in the special subframes. The DwPTS/GP/ 
UpPTS configuration used in the cell is signaled as part of the system information. 


9.4.3 LTE and TD-SCDMA coexistence 


In addition to supporting a wide range of different guard periods, an important aspect in the 
design of TDD in LTE was to simplify coexistence with and migration from systems based 
on the 3GPP TD-SCDMA standard.* Basically, to handle inter-system interference from 
two different but co-sited TDD systems operating close in frequency, it is necessary to align 


8TD-SCDMA is one of three TDD modes defined by 3GPP for UTRA TDD and the only one deployed on a 
larger scale. 
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Coexistence between TD-SCDMA and LTE 


the switch-points between the two systems. Since LTE supports configurable lengths of 
the DwPTS field, the switch-points of LTE and TD-SCDMA (or any other TDD system) 
can be aligned, despite the different subframe lengths used in the two systems. Aligning 
the switch-points between TD-SCDMA and LTE is the technical reason for splitting the 
special subframe into the three fields DwPTS/GP/UpPTS instead of locating the switch-point 
at the subframe boundary. An example of LTE/TD-SCDMA coexistence is given in 
Figure 9.9. 

The set of possible lengths of DwPTS/GP/UpPTS is selected to support common coex- 
istence scenarios, as well as to provide a high degree of guard-period flexibility for the 
reasons discussed earlier. The UpPTS length is one or two OFDM symbols and the DwPTS 
length can vary from three’ to twelve OFDM symbols, resulting in guard periods ranging 
from one to ttn OFDM symbols. The resulting guard period for the different DwPTS and 
UpPTS configurations supported is summarized in Table 9.1 for the case of normal cyclic 
prefix. As discussed earlier, the DwPTS can be used for downlink data transmission, while the 
UpPTS can be used for sounding or random access only, due to its short duration. 


9.5 Carrier aggregation 


The possibility for carrier aggregation was introduced in LTE release 10. In the case of 
carrier aggregation, multiple LTE carriers, each with a bandwidth up to 20 MHz, can be 
transmitted in parallel to/from the same terminal, thereby allowing for an overall wider 
bandwidth and correspondingly higher per-link data rates. In the context of carrier 


°The smallest DwPTS length is motivated by the location of the primary synchronization signal in the DwPTS 
(see Chapter 14). 
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Different types of carrier aggregation 


aggregation, each carrier is referred to as a component carrier'® as, from an RF point-of-view, 
the entire set of aggregated carriers can be seen as a single (RF) carrier. 

Up to five component carriers, possibly of different bandwidths up to 20 MHz, can be 
aggregated allowing for overall transmission bandwidths up to 100 MHz. A terminal capable 
of carrier aggregation may receive or transmit simultaneously on multiple component 
carriers. Each component carrier can also be accessed by an LTE terminal from earlier 
releases—that is, component carriers are backwards compatible. Thus, in most respects and 
unless otherwise mentioned, the physical-layer description in the following chapters applies 
to each component carrier separately in the case of carrier aggregation. 

It should be noted that aggregated component carriers do not need to be contiguous in the 
frequency domain. Rather, with respect to the frequency location of the different component 
carriers, three different cases can be identified (see also Figure 9.10): 


¢ Intra-band aggregation with frequency-contiguous component carriers. 
¢ Intra-band aggregation with non-contiguous component carriers. 
¢ Inter-band aggregation with non-contiguous component carriers. 


The possibility to aggregate non-adjacent component carriers allows for exploitation of a 
fragmented spectrum; operators with a fragmented spectrum can provide high-data-rate 
services based on the availability of a wide overall bandwidth, even though they do not 
possess a single wideband spectrum allocation. Except from an RF point of view there is no 
difference between the three different cases outlined in Figure 9.10 and they are all supported 
by the basic LTE release-10 specification. However, the complexity of RF implementation is 
vastly different (as discussed in Chapter 19), with the first case being the least complex. Thus, 
although spectrum aggregation is supported by the physical-layer and protocol specifications, 
the actual implementation will be strongly constrained, including specification of only a 


‘Tn the specifications, the term cell is used instead of component carrier, but as the term cell is something of 
a misnomer in the uplink case, the term component carrier is used herein. 
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limited number of aggregation scenarios and aggregation over a dispersed spectrum only 
being supported by the most advanced terminals. 

Although carrier aggregation can be utilized to achieve very high overall bandwidths, up 
to 100 MHz, very few operators, if any, have such large spectrum allocations. Rather, the 
main usage of carrier aggregation, at least in the short-term perspective, is to handle frag- 
mented spectrum allocations in which an operator may have 5-10 MHz of spectrum allo- 
cation in several bands and, despite this, would like to provide end-user performance on par 
with an operator having a larger amount of contiguous spectrum. 

A terminal capable of carrier aggregation has one downlink primary component carrier 
and an associated uplink primary component carrier. In addition, it may have one or several 
secondary component carriers in each direction. Different terminals may have different 
carriers as their primary component carrier—that is, the configuration of the primary 
component carrier is terminal specific. The association between the downlink primary 
carrier and the corresponding uplink primary carrier is cell specific and signaled as part 
of the system information. This is similar to the case without carrier aggregation, 
although in the latter case the association is trivial. The reason for such an association is, for 
example, to determine to which uplink component carrier a certain scheduling grant 
transmitted on the downlink relates, without having to explicitly signal the component- 
carrier number. 

All idle mode procedures apply to the primary component carrier only, or, expressed 
differently, carrier aggregation with additional secondary carriers configured only applies to 
terminals in the RRC_CONNECTED state. Upon connection to the network, the terminal 
performs the related procedures such as cell search and random access (see Chapter 14 for a 
detailed description of these procedures) following the same steps as in the absence of carrier 
aggregation. Once the communication between the network and the terminal is established, 
additional secondary component carriers can be configured. 

The fact that carrier aggregation is terminal specific—that is, different terminals may be 
configured to use different sets of component carriers—is useful not only from a network 
perspective to balance the load across component carriers, but also to handle different 
capabilities between terminals. Some terminals may be able to transmit/receive on multiple 
component carriers, while other terminals may do so on only a single carrier. This is a 
consequence of being able to serve terminals from earlier releases at the same time as a 
catrier-aggregation-capable release-10 terminal, but it also allows for different capabilities 
in terms of carrier aggregation for different terminals as well as a differentiation between 
downlink and uplink carrier-aggregation capability. For example, a terminal may be capable 
of two component carriers in the downlink but of only a single component carrier—that is, 
no catrier aggregation—in the uplink, as is the case for terminal C in Figure 9.11. Note also 
that the primary component-carrier configuration can differ between terminals. Asymmetric 
carrier aggregation can also be useful to handle different spectrum allocations, for example 
if an operator has more spectrum available for downlink transmissions than uplink 
transmissions. 
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Examples of carrier aggregation (“P” denotes the primary component carrier) 


In releases 10 and 11, only downlink-heavy asymmetries are supported—that is, the 
number of uplink component carriers configured for a terminal is always equal to or smaller 
than the number of configured downlink component carriers. Uplink-heavy asymmetries are 
less likely to be of practical interest and would also complicate the overall control signaling 
structure, as in such a case multiple uplink component carriers would need to be associated 
with the same downlink component carrier. 

Carrier aggregation is supported for both FDD and TDD, although all component carriers 
need to have the same duplex scheme. Furthermore, in the case of TDD, the uplink—downlink 
configuration should be the same across component carriers in release 10, a restriction that 
was (partially) lifted in release 11. 

For carrier-aggregation capable TDD terminals in release 11, different uplink-downlink 
configurations can be used for component carriers in different frequency bands. The main 
motivation is improved support for coexistence with other systems. One example is two in- 
dependent legacy systems operating in two different frequency bands. If LTE is to exploit 
spectrum in both of these bands through carrier aggregation, the uplink-downlink allocation 
of the component carriers in the respective band is basically determined by the legacy systems 
and may very well be different. 

It is worth noting that inter-band carrier aggregation with different uplink-downlink 
configurations may imply simultaneous uplink transmission and downlink reception in the 
terminal. Terminals capable of simultaneous transmission and reception need, similarly to 
FDD terminals and unlike most TDD terminals, a duplex filter. Whether a TDD terminal is 
equipped with a duplex filter and capable of simultaneous transmission and reception is 
therefore a terminal capability. Terminals not having this capability follow the uplink- 
downlink configuration on the primary carrier. They do not transmit in the uplink on a sec- 
ondary component carrier whenever there is a downlink subframe on the primary component 
carrier (and vice versa). In essence, this implies that certain subframes on the secondary 
component carriers are not usable by terminals not capable of simultaneous reception and 
transmission. This is illustrated in Figure 9.12 (the downlink subframe on the secondary 
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Examples of TDD inter-band carrier aggregation with different downlink-uplink configurations 


component carrier overlapping with the special subframe on the primary component carrier 
can only be used in the part overlapping with the DwPTS). 

The special subframe configuration can be different for the different component carriers 
although release 10 and release 11 terminals not capable of simultaneous transmission and 
reception require that the resulting downlink—uplink switch time is sufficiently large. 


9.6 Frequency-domain location of LTE carriers 


In principle, an LTE carrier could be positioned anywhere within the spectrum and, actually, 
the basic LTE physical-layer specification does not say anything about the exact frequency 
location of an LTE carrier, including the frequency band. However, in practice, there is a need 
for restrictions on where an LTE carrier can be positioned in the frequency domain. 


e Inthe end, an LTE terminal must be implemented and RF-wise such a terminal can only 
support certain frequency bands. The frequency bands for which LTE is specified to 
operate are discussed in Chapter 19. 

e After being activated, an LTE terminal has to search for a network-transmitted carrier 
within the frequency bands supported by the terminal. In order for that carrier search 
to not take an unreasonably long time, there is a need to limit the set of frequencies 
to be searched. 


For this reason it is assumed that, within each supported frequency band, LTE carriers may 
exist on a 100 kHz carrier raster or carrier grid—that is, the carrier center frequency can be 
expressed as m-100 kHz, where m is an integer (see Figure 9.13). 

In the case of carrier aggregation, multiple carriers can be transmitted to/from the same 
terminal. In order for the different component carriers to be accessible by earlier-release 
terminals, each component carrier should fall on the 100 kHz carrier grid. However, there 
is an additional constraint that the carrier spacing between adjacent component carriers 
should be a multiple of the 15 kHz subcarrier spacing to allow transmission/reception with a 
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LTE carrier raster and carrier aggregation 


single FFT.'! Thus, in the case of carrier aggregation, the carrier spacing between the 
different component carriers should be a multiple of 300 kHz, the smallest carrier spacing 
being a multiple of both 100 kHz (the raster grid) and 15 kHz (the subcarrier spacing). A 
consequence of this is that there will always be a small gap between two component carriers, 
even when they are located as close as possible to each other, as illustrated in Figure 9.14. 


"This is only relevant for component carriers that are contiguous in the frequency domain. Furthermore, in 
case of independent frequency errors between component carriers, separate FFTs may be needed at the 
receiver. 
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Downlink Physical-Layer 
Processing 


In Chapter 8, the LTE radio-interface architecture was discussed with an overview of the 
functions and characteristics of the different protocol layers. Chapter 9 then gave an overview 
of the time-frequency structure of LTE transmissions including the structure of the basic 
OFDM time-frequency grid being the fundamental physical resource on both uplink and 
downlink. It also discussed the concept of antenna ports, especially relevant for the under- 
standing of multi-antenna and multi-point transmissions within LTE. 

This chapter will provide a more detailed description of the downlink physical-layer 
functionality including the transport-channel processing (Section 10.1), reference signals 
(Section 10.2), multi-antenna transmission (Section 10.3) and L1/L2 control signaling 
(Section 10.4). Chapter 11 will provide a corresponding description for the uplink trans- 
mission direction. The later chapters will then go further into the details of some specific 
uplink and downlink functions and procedures. 


10.1 Transport-channel processing 


As described in Chapter 8, the physical layer provides services to the MAC layer in the 
form of transport channels. As also described, for the LTE downlink there are four different 
types of transport channels defined: the Downlink Shared Channel (DL-SCH), the Multi- 
cast Channel (MCH), the Paging Channel (PCH), and the Broadcast Channel (BCH). This 
section provides a detailed description of the physical-layer processing applied to the 
DL-SCH, including the mapping to the physical resource—that is, to the resource elements 
of the OFDM time-frequency grid of the set of antenna ports to be used for the trans- 
mission. DL-SCH is the transport-channel type in LTE used for transmission of downlink 
user-specific higher-layer information, both user data and dedicated control information, as 
well as the main part of the downlink system information (see Chapter 14). The DL-SCH 
physical-layer processing is to a large extent applicable also to MCH and PCH transport 
channels, although with some additional constraints. On the other hand, as mentioned in 
Chapter 8, the physical-layer processing, and the structure in general, for BCH transmission 
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FIGURE 10.1 
Physical-layer processing for the downlink shared channel (DL-SCH) 


is quite different. BCH transmission is described in Chapter 14 as part of the discussion on 
LTE system information. 


10.1.1 Processing steps 


The different steps of the DL-SCH physical-layer processing are outlined in Figure 10.1. In 
the case of carrier aggregation—transmission on multiple component carriers in parallel to 
the same terminal—the transmissions on the different carriers correspond to separate trans- 
port channels with separate and essentially independent physical-layer processing. The 
transport-channel processing outlined in Figure 10.1 and the discussion below is thus valid 
also in the case of carrier aggregation. 

Within each Transmission Time Interval (TTD, corresponding to one subframe of length 
one ms, up to two transport blocks of dynamic size are delivered to the physical layer and 
transmitted over the radio interface for each component carrier. The number of transport 
blocks transmitted within a TTI depends on the configuration of the multi-antenna trans- 
mission scheme (see Section 10.3). 
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¢ In the case of no spatial multiplexing there is at most a single transport block in a TTI. 
¢ Inthe case of spatial multiplexing, with transmission on multiple /ayers in parallel to the 
same terminal, there are two transport blocks within a TTI.’ 


10.1.1.1 CRC insertion per transport block 

In the first step of the physical-layer processing, a 24-bit CRC is calculated for and appended 
to each transport block. The CRC allows for receiver-side detection of errors in the decoded 
transport block. The corresponding error indication can, for example, be used by the downlink 
hybrid-ARQ protocol as a trigger for requesting retransmissions. 


10.1.1.2 Code-block segmentation and per-code-block CRC insertion 

The LTE Turbo-coder internal interleaver is only defined for a limited number of code-block 
sizes, with a maximum block size of 6144 bits. If the transport block, including the transport- 
block CRC, exceeds this maximum code-block size, code-block segmentation is applied 
before the Turbo coding, as illustrated in Figure 10.2. Code-block segmentation implies that 
the transport block is segmented into smaller code blocks, the sizes of which should match the 
set of code-block sizes supported by the Turbo coder. 

In order to ensure that a transport block of arbitrary size can be segmented into code blocks that 
match the set of available code-block sizes, the LTE specification includes the possibility to 
insert “dummy” filler bits at the head of the first code block. However, the set of transport-block 
sizes currently defined for LTE has been selected so that filler bits are not needed. 

As can be seen in Figure 10.2, code-block segmentation also implies that an additional 
CRC (also of length 24 bits but different compared to the transport-block CRC described 
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FIGURE 10.2 


Code-block segmentation and per-code-block CRC insertion 


'This is true for initial transmissions. In the case of hybrid-ARQ retransmissions there may also be cases when 
a single transport block is transmitted over multiple layers as discussed, for example, in Section 10.3.3. 
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above) is calculated for and appended to each code block. Having a CRC per code block 
allows for early detection of correctly decoded code blocks and correspondingly early 
termination of the iterative decoding of that code block. This can be used to reduce the 
terminal processing effort and corresponding energy consumption. In the case of a single code 
block no additional code-block CRC is applied. 

One could argue that, in case of code-block segmentation, the transport-block CRC is 
redundant and implies unnecessary overhead as the set of code-block CRCs should indirectly 
provide information about the correctness of the complete transport block. However, code- 
block segmentation is only applied to large transport blocks for which the relative extra 
overhead due to the additional transport-block CRC is small. The transport-block CRC also 
adds additional error-detection capabilities and thus further reduces the risk for undetected 
errors in the decoded transport block. 

Information about the transport-block size is provided to the terminal as part of the 
scheduling assignment transmitted on the PDCCH/EPDCCH control channels, as described 
in Section 10.4. Based on this information, the terminal can determine the code-block size 
and number of code blocks. The terminal receiver can thus, based on the information pro- 
vided in the scheduling assignment, straightforwardly undo the code-block segmentation and 
recover the decoded transport blocks. 


10.1.1.3 Channel coding 

Channel coding for DL-SCH (as well as for PCH and MCH) is based on Turbo coding [53], 
with encoding according to Figure 10.3. The encoding consists of two rate-1/2, eight-state 
constituent encoders, implying an overall code rate of 1/3, in combination with QPP-based” 
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2QPP = Quadrature Permutation Polynomial. 
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Principles of QPP-based interleaving 


interleaving [69]. As illustrated in Figure 10.4, the QPP interleaver provides a mapping from 
the input (non-interleaved) bits to the output (interleaved) bits according to the function: 
c(i) =fi-i+f.:? mod K 

where i is the index of the bit at the output of the interleaver, c(i) is the index of the same bit at 
the input of the interleaver, and K is the code-block/interleaver size. The values of the pa- 
rameters f| and f. depend on the code-block size K. The LTE specification lists all supported 
code-block sizes, ranging from a minimum of 40 bits to a maximum of 6144 bits, together 
with the associated values for the parameters f; and f. Thus, once the code-block size is 
known, the Turbo-coder inner interleaving, as well as the corresponding de-interleaving at the 
receiver side, can straightforwardly be carried out. 

A QPP-based interleaver is maximum contention free [70], implying that the decoding can 
be parallelized without the risk for contention when the different parallel processes are 
accessing the interleaver memory. For the very high data rates supported by LTE, the 
improved possibilities for parallel processing offered by QPP-based interleaving can sub- 
stantially simplify the Turbo-encoder/decoder implementation. 


10.1.1.4 Rate matching and physical-layer hybrid-ARQ functionality 

The task of the rate-matching and physical-layer hybrid-ARQ functionality is to extract, from 
the blocks of code bits delivered by the channel encoder, the exact set of code bits to be 
transmitted within a given TTI/subframe. 

As illustrated in Figure 10.5, the outputs of the Turbo encoder (systematic bits, first parity 
bits, and second parity bits) are first separately interleaved. The interleaved bits are then 
inserted into what can be described as a circular buffer with the systematic bits inserted first, 
followed by alternating insertion of the first and second parity bits. 

The bit selection then extracts consecutive bits from the circular buffer to an extent that 
matches the number of available resource elements in the resource blocks assigned for the 
transmission. The exact set of bits to extract depends on the redundancy version (RV) cor- 
responding to different starting points for the extraction of coded bits from the circular buffer. 
As can be seen, there are four different alternatives for the redundancy version. The 
transmitter/scheduler selects the redundancy version and provides information about the 
selection as part of the scheduling assignment (see Section 10.4.6). 
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Note that the rate-matching and hybrid-ARQ functionality operates on the full set of code 
bits corresponding to one transport block and not separately on the code bits corresponding to 
a single code block. 


10.1.1.5 Bit-level scrambling 

LTE downlink scrambling implies that the block of code bits delivered by the hybrid-ARQ 
functionality is multiplied (exclusive-or operation) by a bit-level scrambling sequence. 
Without downlink scrambling, the channel decoder at the terminal could, at least in principle, 
be equally matched to an interfering signal as to the target signal, thus being unable to 
properly suppress the interference. By applying different scrambling sequences for neigh- 
boring cells, the interfering signal(s) after descrambling is (are) randomized, ensuring full 
utilization of the processing gain provided by the channel code. Thus, the bit scrambling 
essentially serves the same purpose as the scrambling applied at chip level after the direct- 
sequence spreading in DS-CDMA-based systems such as WCDMA/HSPA. Fundamentally, 
channel coding can be seen as “advanced” spreading providing processing gain similar to 
direct-sequence spreading but also additional coding gain. 

In LTE, downlink scrambling is applied to all transport channels as well as to the downlink 
L1/L2 control signaling. For all downlink transport-channel types except MCH the scrambling 
sequences differ between neighboring cells (cell-specific scrambling). The scrambling also 
depends on the identity of the terminal to which the transmission is intended, assuming that the 
data is intended for a specific terminal. In contrast, in the case of MBSFN-based transmission 
using MCH, the same scrambling should be applied to all cells taking part in the MBSFN 
transmission—that is, all cells within the so-called MBSFN area (see Chapter 17). Thus, in the 
case of MCH transmission the scrambling depends on the MBSEN area identity. 
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10.1.1.6 Data modulation 

The downlink data modulation transforms the block of scrambled bits to a corresponding 
block of complex modulation symbols. The set of modulation schemes supported for the LTE 
downlink includes QPSK, 16QAM, and 64QAM, corresponding to two, four, and six bits per 
modulation symbol respectively. 


10.1.1.7 Antenna mapping 

The antenna mapping jointly processes the modulation symbols corresponding to the one 
or two transport blocks and maps the result to the set of antenna ports to be used for the 
transmission. The antenna mapping can be configured in different ways corresponding 
to different multi-antenna transmission schemes, including transmit diversity, beam- 
forming, and spatial multiplexing. As indicated in Figure 10.1, LTE supports trans- 
mission using up to eight antenna ports depending on the exact multi-antenna transmission 
scheme. More details about LTE downlink multi-antenna transmission are provided in 
Section 10.3. 


10.1.1.8 Resource-block mapping 

The resource-block mapping takes the symbols to be transmitted on each antenna port and 
maps them to the set of available resource elements in the set of resource blocks assigned by 
the MAC scheduler for the transmission. As described in Chapter 9, each resource block 
consists of 84 resource elements (twelve subcarriers during seven OFDM symbols).* 
However, some of the resource elements within a resource block will not be available for the 
transport-channel transmission as they are occupied by: 


¢ different types of downlink reference signals, as described in Section 10.2; 
¢ downlink L1/L2 control signaling (one, two, or three OFDM symbols at the head of each 
subframe) as described in Section 10.4.4 


Furthermore, as will be described in Chapter 14, within some resource blocks additional 
resource elements are reserved for the transmission of synchronization signals as well as for 
the PBCH physical channel which carries the BCH transport channel. 

It should also now be pointed out that for the so-called Transmission Mode 10, the pos- 
sibility for more dynamic control of the PDSCH mapping has been introduced to support 
multi-point transmission. This will be further discussed in Chapter 15 as part of the 
description of CoMP-related features introduced in LTE release 11. 


10.1.2 Localized and distributed resource mapping 


As discussed in Chapter 7, when deciding what set of resource blocks to use for transmission 
to a specific terminal, the network may take the downlink channel conditions in both the time 


372 resource elements in case of extended cyclic prefix. 
“In MBSEN subframes the control region is limited to a maximum of two OFDM symbols. 
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and frequency domains into account. Such time/frequency-domain channel-dependent 
scheduling, taking channel variations—for example, due to frequency-selective fading—into 
account, may significantly improve system performance in terms of achievable data rates and 
overall cell throughput. 

However, in some cases downlink channel-dependent scheduling is not suitable to use or is 
not practically possible: 


e For low-rate services such as voice, the feedback signaling associated with channel- 
dependent scheduling may lead to extensive relative overhead. 

e At high mobility (high terminal speed), it may be difficult or even practically impossible 
to track the instantaneous channel conditions to the accuracy required for channel- 
dependent scheduling to be efficient. 


In such situations, an alternative means to handle radio-channel frequency selectivity is 
to achieve frequency diversity by distributing a downlink transmission in the frequency 
domain. 

One way to distribute a downlink transmission in the frequency domain, and thereby 
achieve frequency diversity, is to assign multiple non-frequency-contiguous resource blocks 
for the transmission to a terminal. LTE allows for such distributed resource-block allocation 
by means of resource allocation types 0 and I (see Section 10.4.6.1). However, although 
sufficient in many cases, distributed resource-block allocation by means of these resource- 
allocation types has certain drawbacks: 


e For both types of resource allocations, the minimum size of the allocated resource can be 
as large as four resource-block pairs and may thus not be suitable when resource 
allocations of smaller sizes are needed. 

e In general, both these resource-allocation methods are associated with a relatively large 
control-signaling overhead for the scheduling assignment (see Section 10.4.6). 


In contrast, resource-allocation type 2 (Section 10.4.6.1) always allows for the allo- 
cation of a single resource-block pair and is also associated with a relatively small control- 
signaling overhead. However, resource allocation type 2 only allows for the allocation of 
resource blocks that are contiguous in the frequency domain. In addition, regardless of the 
type of resource allocation, frequency diversity by means of distributed resource-block 
allocation will only be achieved in the case of resource allocations larger than one 
resource-block pair. 

In order to provide the possibility for distributed resource-block allocation in the case of 
resource-allocation type 2, as well as to allow for distributing the transmission of a single 
resource-block pair in the frequency domain, the notion of a Virtual Resource Block (VRB) 
has been introduced for LTE. 

What is being provided in the resource allocation is the resource allocation in terms of 
VRB pairs. The key to distributed transmission then lies in the mapping from VRB pairs to 
Physical Resource Block (PRB) pairs—that is, to the actual physical resource used for 
transmission. 
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One resource-block pair 


FIGURE 10.6 


VRB-to-PRB mapping in case of localized VRBs. Figure assumes a cell bandwidth corresponding to 
25 resource blocks 


The LTE specification defines two types of VRBs: localized VRBs and distributed VRBs. 
In the case of localized VRBs, there is a direct mapping from VRB pairs to PRB pairs as 
illustrated in Figure 10.6. 

However, in the case of distributed VRBs, the mapping from VRB pairs to PRB pairs is 
more elaborate in the sense that: 


* consecutive VRBs are not mapped to PRBs that are consecutive in the frequency domain; 
and 
* even a single VRB pair is distributed in the frequency domain. 


The basic principle of distributed transmission is outlined in Figure 10.7 and consists of 
two steps: 


¢ A mapping from VRB pairs to PRB pairs such that consecutive VRB pairs are not 
mapped to frequency-consecutive PRB pairs (first step of Figure 10.7). This provides 
frequency diversity between consecutive VRB pairs. The spreading in the frequency 
domain is done by means of a block-based “interleaver” operating on resource-block 
pairs. 

¢ A split of each resource-block pair such that the two resource blocks of the resource- 
block pair are transmitted with a certain frequency gap in between (second step of 
Figure 10.7). This also provides frequency diversity for a single VRB pair. This step 
can be seen as the introduction of frequency hopping on a slot basis. 


Whether the VRBs are localized (and thus mapped according to Figure 10.6), or 
distributed (mapped according to Figure 10.7) is indicated as part of the scheduling assign- 
ment in the case of type 2 resource allocation. Thus, it is possible to dynamically switch 
between distributed and localized transmission and also mix distributed and localized 
transmission for different terminals within the same subframe. 
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FIGURE 10.7 


VRB-to-PRB mapping in case of distributed VRBs. Figure assumes a cell bandwidth corresponding to 
25 resource blocks 


The exact size of the frequency gap in Figure 10.7 depends on the overall downlink cell 
bandwidth according to Table 10.1. These gaps have been chosen based on two criteria: 


e The gap should be of the order of half the downlink cell bandwidth in order to provide 
good frequency diversity also in the case of a single VRB pair. 

* The gap should be a multiple of P’, where P is the size of a resource-block group as defined 
in Section 10.4.6 and used for resource allocation types 0 and 1. The reason for this constraint 
is to ensure a smooth coexistence in the same subframe between distributed transmission as 
described above and transmissions based on downlink allocation types 0 and 1. 


Due to the constraint that the gap size should be a multiple of P*, the gap size will in most 
cases deviate from exactly half the cell bandwidth. In these cases, not all resource blocks 
within the cell bandwidth can be used for distributed transmission. As an example, for a cell 
bandwidth corresponding to 25 resource blocks (the example in Figure 10.7) and a corre- 
sponding gap size equal to 12 according to Table 10.1, the 25th resource-block pair cannot be 
used for distributed transmission. As another example, for a cell bandwidth corresponding to 
50 resource blocks (gap size equal to 27 according to Table 10.1) only 46 resource blocks 
would be available for distributed transmission. 

In addition to the gap size outlined in Table 10.1, for wider cell bandwidths (50 RBs and 
beyond), there is a possibility to use a second, smaller frequency gap with a size of the order 
of one-fourth of the cell bandwidth (see Table 10.2). The use of the smaller gap enables 
restriction of the distributed transmission to only a part of the overall cell bandwidth. 


a SS 


10.2 Downlink reference signals 171 


Table 10.1 Gap Size for Different Cell Bandwidths (Number of Resource Blocks) 
Bandwidth 
6 7-8 9-10 11 12-19 20-26 27-44 45-63 64-79 80-110 


P 1 2 2 3 3 4 4 
Gap size 3 4 8 12 18 7 32 48 


Table 10.2 Second Gap Size for Different Cell Bandwidths 
(Only Applicable for Cell Bandwidths of 50 RBs and Beyond) 


Bandwidth 
50—63 64—110 


Gap size 9 16 


Selection between the larger gap according to Table 10.1 and the smaller gap according to 
Table 10.2 is indicated by an additional bit in the resource allocation. 


10.2 Downlink reference signals 


Downlink reference signals are predefined signals occupying specific resource elements 
within the downlink time—frequency grid. The LTE specification includes several types of 
downlink reference signals transmitted in different ways and intended to be used for different 
purposes by a receiving terminal: 


* Cell-specific reference signals (CRS) are transmitted in every downlink subframe and in 
every resource block in the frequency domain. CRS are intended to be used by terminals 
for channel estimation for coherent demodulation of all downlink physical channels 
except PMCH, PDSCH in case of transmission modes 7 to 10, and the EPDCCH control 
channel introduced in LTE release 11 (see Section 10.4).° CRS are also assumed to be 
used to acquire channel-state information (CSD) by terminals configured in transmission 
modes | to 8. Finally, terminal measurements on cell-specific reference signals are 
assumed to be used as the basis for cell-selection and handover decisions. 

¢ Demodulation reference signals (DM-RS), also sometimes referred to as UE-specific 
reference signals, are intended to be used by terminals for channel estimation for 
coherent demodulation of PDSCH in case of transmission modes 7 to 10.° DM-RS are 
also to be used for demodulation of the EPDCCH physical channel. The alternative label 


°See Section 10.3.1 for more details on LTE transmission modes. 
°In the LTE specifications, these reference signals are actually referred to as UE-specific reference signals, 
although they are still “abbreviated” DM-RS. 
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Structure of cell-specific reference signal within a pair of resource blocks 


“UE-specific reference signals” relates to the fact that a specific demodulation reference 
signal is typically intended to be used for channel estimation by a specific terminal 
(=UE). The reference signal is then only transmitted within the resource blocks 
specifically assigned for PDSCH/EPDCCH transmission to that terminal. 

¢ CSI reference signals (CSI-RS) are intended to be used by terminals to acquire channel- 
state information (CSI). More specifically, CSI-RS are intended to be used to acquire CSI 
by terminals configured in transmission modes 9 and 10. CSI-RS have a significantly 
lower time/frequency density, thus implying less overhead, and a higher degree of 
flexibility compared to the cell-specific reference signals. 

¢ MBSFN reference signals are intended to be used by terminals for channel estimation for 
coherent demodulation in case of MCH transmission using MBSF'N (see Chapter 17 for 
more details on MCH transmission). 

¢ Positioning reference signals were introduced in LTE release 9 to enhance LTE 
positioning functionality, more specifically to support the use of terminal measurements 
on multiple LTE cells to estimate the geographical position of the terminal. The 
positioning reference symbols of a certain cell can be configured to correspond to empty 
resource elements in neighboring cells, thus enabling high-SIR conditions when 
receiving neighbor-cell positioning reference signals. 


10.2.1 Cell-specific reference signals 


Cell-specific reference signals (CRS), introduced in the first release of LTE (release 8), are the 
most basic downlink reference signals in LTE. There can be one, two, or four cell-specific 
reference signals in a cell, defining one, two, or four corresponding antenna ports, referred 
to as antenna port 0 to antenna port 3 in the LTE specifications. 


10.2.1.1 Structure of a single reference signal 
Figure 10.8 illustrates the structure of a single cell-specific reference signal. As can be seen, it 
consists of reference symbols of predefined values inserted within the first and third last’ 


’This corresponds to the fifth and fourth OFDM symbols of the slot for normal and extended cyclic prefixes 
respectively. 
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FIGURE 10.9 
Different CRS frequency shifts 


OFDM symbol of each slot and with a frequency-domain spacing of six subcarriers. 
Furthermore, there is a frequency-domain staggering of three subcarriers for the reference 
symbols within the third last OFDM symbol. Within each resource-block pair, consisting of 
12 subcarriers during one 1 ms subframe, there are thus eight reference symbols. 

In general, the values of the reference symbols vary between different reference-symbol 
positions and also between different cells. Thus, a cell-specific reference signal can be 
seen as a two-dimensional cell-specific sequence. The period of this sequence equals one 10 
ms frame. Furthermore, regardless of the cell bandwidth, the reference-signal sequence is 
defined assuming the maximum possible LTE carrier bandwidth corresponding to 110 
resource blocks in the frequency domain. Thus, the basic reference-signal sequence has a 
length of 8800 symbols.® For cell bandwidths less than the maximum possible value, only the 
reference symbols within that bandwidth are actually transmitted. The reference symbols in 
the center part of the band will therefore be the same, regardless of the actual cell bandwidth. 
This allows for the terminal to estimate the channel corresponding to the center part of the 
carrier, where, for example, the basic system information of the cell is transmitted on the 
BCH transport channel, without knowing the cell bandwidth. Information about the actual 
cell bandwidth, measured as number of resource blocks, is then provided on the BCH. 

There are 504 different reference-signal sequences defined for LTE, where each sequence 
corresponds to one of 504 different physical-layer cell identities. As will be described in more 
detail in Chapter 14, during the so-called cell-search procedure the terminal detects the physical- 
layer identity of the cell as well as the cell frame timing. Thus, from the cell-search procedure, 
the terminal knows the reference-signal sequence of the cell (given by the physical-layer cell 
identity) as well as the start of the reference-signal sequence (given by the frame timing). 

The set of reference-symbol positions outlined in Figure 10.8 is only one of six possible 
frequency shifts for the CRS reference symbols, as illustrated in Figure 10.9. The frequency 
shift to use in a cell depends on the physical-layer identity of the cell such that each shift 
corresponds to 84 different cell identities. Thus, the six different frequency shifts jointly cover 
all 504 different cell identities. By properly assigning physical-layer cell identities to 
different cells, different reference-signal frequency shifts may be used in neighboring cells. 
This can be beneficial, for example, if the reference symbols are transmitted with higher 
energy compared to other resource elements, also referred to as reference-signal power 
boosting, in order to improve the reference-signal SIR. If reference signals of neighboring 


Four reference symbols per resource block, 110 resource blocks per slot, and 20 slots per frame. 
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FIGURE 10.10 


Structure of cell-specific reference signals in case of multiple reference signals: two reference signals 
corresponding to two antenna ports (left) and four reference signals corresponding to four antenna 
ports (right) 


cells were transmitted using the same time/frequency resource, the boosted reference symbols 
of one cell would be interfered by equally boosted reference symbols of all neighboring 
cells,’ implying no gain in the reference-signal SIR. However, if different frequency shifts are 
used for the reference-signal transmissions of neighboring cells, the reference symbols of one 
cell will at least partly be interfered by non-reference symbols of neighboring cells, implying 
an improved reference-signal SIR in the case of reference-signal boosting. 


10.2.1.2 Multiple reference signals 

Figure 10.10 illustrates the reference-signal structure in the case of multiple, more specif- 
ically two and four, cell-specific reference signals, and corresponding multiple antenna ports, 
within a cell:'° 


e In the case of two reference signals within a cell (left part of Figure 10.10), the second 
reference signal is frequency multiplexed with the first reference signal, with a 
frequency-domain offset of three subcarriers. 

e In the case of four reference signals (right part of Figure 10.10), the third and fourth 
reference signals are frequency multiplexed and transmitted within the second OFDM 
symbol of each slot, thus being time multiplexed with the first and second reference signals. 


Obviously, the reference-symbol density for the third and fourth reference signals is lower, 
compared to the density of the first and second reference signals. The reason for this is to 


°This assumes that the cell transmissions are frame-timing aligned. 
‘lt is not possible to configure a cell with three cell-specific reference signals. 
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reduce the reference-signal overhead in the case of four reference signals. More specifically, 
while the first and second reference signals each correspond to a relative overhead of 
approximately 5% (four reference symbols within a resource block consisting of a total of 84 
resource elements), the relative overhead of the third and fourth reference signals is only half 
of that or approximately 2.5%. This obviously has an impact on the possibility for the ter- 
minal to track very fast channel variations. However, this can be justified based on an 
expectation that, for example, high-order spatial multiplexing will mainly be applied to 
scenarios with low mobility. 

It can also be noted that in a resource element carrying reference signals for a certain 
transmission port, nothing is being transmitted on the antenna ports corresponding to the 
other reference signals. Thus, a cell-specific reference signal is not interfered by trans- 
missions on other antenna ports. Multi-antenna transmission schemes, such as spatial mul- 
tiplexing, to a large extent rely on good channel estimates to suppress interference between 
the different layers at the receiver side. However, in the channel estimation itself there is no 
such suppression. Reducing the interference to the reference signals of an antenna port is 
therefore important in order to allow for good channel estimation, and corresponding good 
interference suppression, at the receiver side. 

Note that, in MBSFN subframes, only the reference signals in the two first OFDM symbols 
of the subframe, corresponding to the control region of the MBSFN subframe, are actually 
transmitted. Thus, there is no transmission of cell-specific reference signals within the 
MBSEN part of the MBSFN subframe. 


10.2.2 Demodulation reference signals 


In contrast to cell-specific reference signals, a demodulation reference signal (DM-RS) is 
intended to be used for channel estimation by a specific terminal and is then only transmitted 
within the resource blocks assigned for transmission to that terminal. 

DM-RS was supported in the first release of LTE (release 8). However, the use of DM-RS 
was then limited to the demodulation of single-layer PDSCH transmission—that is, no spatial 
multiplexing—corresponding to transmission mode 7. In LTE release 9, transmission based 
on DM-RS was extended to support dual-layer PDSCH transmission corresponding to 
transmission mode 8, requiring up to two simultaneous reference signals (one for each layer). 
Transmission based on DM-RS was then further extended in LTE release 10 to support up to 
eight-layer PDSCH transmission (transmission mode 9 and, from release 11, also trans- 
mission mode 10), corresponding to up to eight reference signals.’' 

Actually, the dual-layer-supporting DM-RS structure introduced in LTE release 9 was not 
a straightforward extension of the release-8 single-layer-limited DM-RS structure, but rather 
a new structure, supporting both single-layer and dual-layer transmission. Already at the time 


"Transmission mode 10 is a release-11 extension of transmission mode 9 introducing improved support for 
multi-point coordination/transmission (CoMP). See also Section 10.3.1. 
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of finalizing LTE release 9 it was relatively clear that the LTE radio-access technology should 
be further extended to support up to eight-layer spatial multiplexing in release 10. It was also 
quite clear that this extension would be difficult to achieve based on the release-3DM-RS 
structure. Rather than extending the release-8 structure to support two reference signals 
and then introduce a completely new structure for release 10, it was instead decided to 
introduce a new, more future-proof structure already in release 9. Here we will focus on the 
DM-RS structure introduced in LTE release 9 including the release-10 extension to support 
up to eight simultaneous reference signals. 

The structure of the DM-RS for EPDCCH is very similar to that of DM-RS for PDSCH, 
although with some limitations such as support for a maximum of four reference signals. 


10.2.2.1 DM-RS for PDSCH 

Figure 10.11 illustrates the DM-RS time/frequency structure for the case of one or two 
reference signals.'” As can be seen, there are 12 reference symbols within a resource-block 
pair. In contrast to cell-specific reference signals, for which the reference symbols of one 
reference signal correspond to unused resource elements for other reference signals (see 
Figure 10.10), in the case of two demodulation reference signals all 12 reference symbols 
in Figure 10.11 are transmitted for both reference signals. Interference between the reference 
signals is instead avoided by applying mutually orthogonal patterns, referred to as Orthog- 
onal Cover Codes (OCC), to pairs of consecutive reference symbols as illustrated in the 
lower-right part of the figure. 

Figure 10.12 illustrates the extended DM-RS structure introduced in LTE release 10 to 
support up to eight reference signals. In this case, there are up 24 reference-symbol posi- 
tions within a resource-block pair. The reference signals are frequency multiplexed in 
groups of up to four reference signals while, within each group, the up to four reference 
signals are separated by means of orthogonal cover codes spanning four reference symbols 
in the time domain (two pairs of consecutive reference symbols). It should be noted that 
orthogonality between the full set of eight reference signals requires that the channel does 
not vary over the four reference symbols spanned by the cover codes. As the four reference 
symbols that the cover codes span are not consecutive in time, this implies somewhat 
stronger constraints in terms of the amount of channel variations that can be tolerated 
without seriously impacting the reference-signal orthogonality. However, more than 
four demodulation reference signals is only transmitted in case of spatial multiplexing with 
more than four layers, which is typically only applicable to low-mobility scenarios. Also 
note that the cover codes are defined such that, for four or less reference signals, orthog- 
onality is achieved already over pairs of reference symbols. Thus, for three and four 
reference signals, the constraints on channel variations are the same as for two reference 
signals (Figure 10.11). 


'2In the case of TDD, the DM-RS structure is slightly modified in the DwPTS due to the shorter duration of the 
DwPTS compared with normal downlink subframes. 
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Structure of demodulation reference signals for the case of one or two reference signals including 
size-two orthogonal cover codes to separate the two reference signals 
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FIGURE 10.12 


Demodulation reference signal structure for the case of more than two reference signals, including 
size-four orthogonal cover codes to separate up to four reference signals 


The up to eight different PDSCH DM-RS that can be configured for a terminal correspond to 
antenna port 7 up to antenna port 14 inthe LTE specification, with antenna port 7 and antenna port 
8 corresponding to the release 9 DM-RS supporting up to two layers of spatial multiplexing.'* 

The DM-RS reference-signal sequence—that is, the values to be taken by the DM-RS 
reference symbols—repeats itself every frame. Up to and including LTE release 10, the 
reference-signal sequence was independent of what terminal the DM-RS transmission was 
intended for but depended on the physical-layer cell identity. The reference-signal sequence 
thus differed between cells. Furthermore, there was the possibility to dynamically—on a 
subframe basis—select between two different reference-signal sequences. Information about 


'5The single DM-RS supported in release 8 corresponds to antenna port 5. 
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the selected sequence was then signaled to the terminal by means of a one-bit indicator in the 
scheduling assignment (see also Section 10.4.6). The reason for having the possibility to 
dynamically select between two reference-signal sequences was to be able to use the same 
resource block for PDSCH transmission to two different terminals and rely on spatial sep- 
aration, for example, by means of beam-forming, to separate the two transmissions. Such 
spatial separation, in 3GPP referred to as Multi-User MIMO (MU-MIMO), is typically not 
perfect in the sense that there will remain some interference between the transmissions. By 
applying different reference-signal sequences for the two spatially separated transmissions, 
interference randomization is achieved for the channel estimation. Downlink MU-MIMO is 
discussed in more detail in Section 10.3, in which the different means to separate the 
demodulation reference signals of different transmissions are also discussed. 

However, in LTE release 11, the possibility for terminal-specific reference-signal se- 
quences was introduced. This was done by introducing the possibility for the network to 
explicitly configure a terminal with a parameter that, if configured, should replace that cell 
identity when deriving the reference-signal sequence to be used by the terminal. If no 
terminal-specific parameter is configured, the terminal should assume cell-specific reference- 
signal sequences in line with releases 9/10 as previously discussed.'* 

The reason for introducing the possibility for terminal-specific reference-signal sequences 
was to be able to spatially separate significantly more terminals within a cell. Especially in the 
case of so-called shared-cell heterogeneous deployments there may be situations with a large 
number of low-power transmission points, all being part of the same cell. In such a case 
one typically wants to be able to reuse the same physical resources—that is, the same resource 
blocks, for simultaneous PDSCH transmission to different terminals from several of the 
transmission points. For robust channel estimation, the reference signals of each of these 
transmissions should preferably be based on unique reference-signal sequences, thus making 
terminal-specific reference signal sequences desirable. Heterogeneous deployments for LTE 
will be extensively discussed in Chapter 16. 

When DM-RS are transmitted within a resource block, PDSCH mapping to the 
time-frequency grid of the resource block will be modified to avoid the resource elements 
in which the reference signals are transmitted (the 12 and 24 resource elements in 
Figure 10.11 and Figure 10.12 respectively). Although this modified mapping is not “un- 
derstood” by earlier-release terminals not supporting DM-RS, this is not a problem as 
DM-RS will only be transmitted in resource blocks that are scheduled for PDSCH trans- 
mission to terminals of later releases supporting DM-RS and thus “understanding” the 
modified PDSCH mapping. 

As the number of transmitted layers may vary dynamically, the number of transmitted 
DM-RS may also vary. Thus, the transmission may dynamically change between the DM-RS 
structures outlined in Figures 10.11 and 10.12 respectively. The terminal is informed about the 


'*Cell-specific reference-signal sequences for DM-RS should not be mixed up with cell-specific reference 
signals (CRS). 
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number of transmitted layers (the “transmission rank’) as part of the scheduling assignment 
and will thus know the DM-RS structure and associated PDSCH mapping for each subframe. 


10.2.2.2_ DM-RS for EPDCCH 

As mentioned earlier, as part of LTE release 11, a new L1/L2 control channel structure was 
introduced based on the so-called enhanced PDCCH (EPDCCH). The EPDCCH will be 
extensively described in Section 10.4.4. Here it can just be said that, in contrast to the legacy 
control-channel structure (PDCCH), the EPDCCH is transmitted within resource blocks in a 
similar way as PDSCH. Furthermore, in contrast to the PDCCH, EPDCCH demodulation is 
assumed to be based on DM-RS transmitted together with the EPDCCH, similar to the use of 
DM-RS for PDSCH. 

The structure of DM-RS for EPDCCH is very similar to the PDSCH DM-RS structure 
described previously. Especially, the time/frequency structure of the EPDCCH DM-RS is the 
same as that for PDSCH. However, for EPDCCH, there can only be up to four DM-RS, 
compared to up to eight DM-RS in case of PDSCH transmission. Thus the four orthogonal 
covers corresponding to DM-RS 4-7 in Figure 10.11 are not supported for EPDCCH trans- 
mission. Furthermore, the EPDCCH reference-signal sequence is always terminal-specific 
—that is, the terminal is explicitly configured with a parameter that is used to derive the 
reference-signal sequence. It should be noted that this configuration of the DM-RS reference- 
signal sequence for EPDCCH is done independently of the corresponding configuration for 
the PDSCH DM-RS. 

The antenna ports corresponding to up to four DM-RS for EPDCCH are, in the LTE 
specifications, referred to as antenna port 107 to antenna port 110. It should be noted that, 
although up to four different demodulation reference signals and corresponding antenna ports 
can be defined for EPDCCH, a specific EPDCCH is only transmitted from a single antenna 
port in case of localized transmission and two antenna ports in case of distributed trans- 
mission (see Section 10.4.4). Thus, in some sense it is somewhat misleading for the speci- 
fication to talk about up to four antenna ports for EPDCCH, as a terminal will only see one or 
two DM-RS-related antenna port(s). 


10.2.3 CSI reference signals 


CSI reference signals (CSI-RS) were introduced in LTE release 10. CSI-RS are specifically 
intended to be used by terminals to acquire channel-state information (CSI), for example for 
channel-dependent scheduling, link adaptation, and transmission settings related to multi- 
antenna transmission. More specifically, CSI-RS are to be used to acquire CSI for termi- 
nals configured with transmission mode 9 and £0," 


‘The reason why CSI-RS are not used for transmission modes 7 and 8, despite the fact that these transmission 
modes also assume DM-RS for channel estimation, was simply that these transmission modes were introduced 
in LTE releases 8 and 9 respectively while CSI-RS was not introduced until LTE release 10. 
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As already mentioned early in Section 10.2, the cell-specific reference signals (CRS), 
available since the first release of LTE, can also be used to acquire channel-state information. 
The direct reason to introduce CSI-RS was the introduction of support for up to eight-layers 
spatial multiplexing in LTE release 10 and the corresponding need for terminals to be able to 
acquire CSI for at least up to eight antenna ports. 

But there was also a more fundamental desire to separate two different functions of 
downlink reference-signals: 


e The function to acquire detailed channel estimates for coherent demodulation of 
different downlink transmissions. 

e The function to acquire channel-state information for, for example, downlink link 
adaptation and scheduling. 


For the early releases of LTE, both these functions relied on CRS. As a consequence, CRS 
has to be transmitted with high-density in both time and frequency to support accurate 
channel estimation and coherent demodulation also for rapidly varying channels. At the same 
time, in order to allow for terminals to acquire channel-state information at regular intervals, 
CRS has to be transmitted in every subframe regardless of whether or not there is any data 
transmission. For the same reason CRS is transmitted over the entire cell area and cannot be 
beam-formed in the direction of a specific terminal. 

By introducing separate sets of reference signals for channel estimation and for the acqui- 
sition of channel-state information (DM-RS and CSI-RS respectively), more opportunities for 
optimization and a higher degree of flexibility are achieved. The high-density DM-RS are only 
transmitted when there is data to transmit and can, for example, be subject to more or less 
arbitrary beam-forming. At the same time, CSI-RS provides a very efficient tool for deriving 
channel-state information for a more arbitrary number of network nodes and antenna ports. This 
is especially important for the support for multi-point coordination/transmission and hetero- 
geneous deployments, as will be further discussed in Chapters 15 and 16 respectively. 


10.2.3.1 CSI-RS structure 
The structure of the CSI-RS to be used by a terminal is given by a CSI-RS configuration defining 
up to eight different CSI-RS for a terminal. The possibility for up to eight CSI-RS is directly 
related to the support for up to eight layers spatial multiplexing and corresponding up to eight 
demodulation reference signals introduced in release 10. It should be noted though that the 
antenna ports corresponding to CSI-RS are not the same as the antenna ports corresponding to 
DM-RS. Antenna ports corresponding to CSI-RS typically correspond to actual transmit an- 
tennas while antenna ports corresponding to DM-RS may include any antenna precoding 
applied at the transmitter side (see also Section 10.3.4). The antenna ports corresponding to 
CSI-RS are referred to as antenna port 15 up to antenna port 22 in the LTE specification. 

In the time domain, CSI-RS can be configured for transmission with different periodicity, 
ranging from a period of 5 ms (twice every frame) to 80 ms (every eighth frame). Further- 
more, for a given CSI-RS periodicity, the exact subframe in which CSI-RS is transmitted can 
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FIGURE 10.13 


Examples of reference-signal positions for different number of CSI-RS within a cell. In case of a single 
CSI-RS, the same structure as for two CSI-RS is used 


also be configured by means of a subframe offset.'° In subframes in which CSI-RS is to be 
transmitted, it is transmitted in every resource block in the frequency domain. In other words, 
a CSI-RS transmission covers the entire cell bandwidth. 

Within a resource-block pair, different resource elements can be used for CSI-RS 
transmission (illustrated by the 40 different resource elements colored gray in Figure 10.13; 
for TDD there are even more possibilities). Exactly what set of resource elements is used for a 
certain CSI-RS then depends on the exact CSI-RS configuration. More specifically: 


¢ Inthe case of a CSI-RS configuration consisting of one or two configured CSI-RS, a CSI-RS 
consists of two consecutive reference symbols, as illustrated in the upper part of 
Figure 10.13. In the case of two CSI-RS, the CS-RS are then separated by applying size-two 
orthogonal cover codes to the two reference symbols, similar to demodulation reference 
signals. Thus, for the case of one or two CSI-RS, there is a possibility for 20 different 
CSI-RS configurations in a resource-block pair, two of which are illustrated in Figure 10.13. 

¢ In the case of a CSI-RS configuration consisting of four/eight configured CSI-RS, the 
CSI-RS are pair-wise frequency multiplexed, as illustrated in the middle/lower part of 
Figure 10.13. For four/eight CSI-RS there is thus the possibility for ten/five different 
CSI-RS configurations. 


To summarize, a CSI-RS configuration specifies: 


¢ The number of CSI-RS (one, two, four, or eight). 
¢ The CSI-RS periodicity (5 ms, 10 ms, 20 ms, 40 ms, or 80 ms). 


‘SAll up to eight CSI-RS of a CSI-RS configuration are transmitted within the same set of subframes—that is, 
with the same period and subframe offset. 
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e¢ The CSI-RS subframe offset within the CSI-RS period. 

e The exact CSI-RS configuration within a resource-block pair—that is, exactly what 
resource elements from the 40 possible resource elements (grey resource elements in 
Figure 10.13) are used for the up to eight CSI-RS in a resource-block pair. There are 20, 
10, and 5 different configurations for one/two, four, and eight CSI-RS respectively. 


CSI-RS configurations are terminal-specific—meaning that each terminal is separately 
provided with a specific CSI-RS configuration that defines the number of CSI-RS to be used 
by the terminal and their detailed structure, as described previously. Note though that this 
does not mean that a certain transmitted CSI-RS is only used by one single terminal. Even if 
each terminal is separately provided with its CSI-RS configuration, the configuration will, in 
practice, be identical for a group of, or even all, terminals within a cell, implying that the 
terminals will, in practice, use the same set of CSI-RS to acquire CSI. However, the separate 
configuration of CSI-RS for different terminals allows for terminals within a cell to use 
different CSI-RS. This is important, for example, in case of shared-cell heterogeneous 
deployments (see Chapter 16). 


10.2.3.2 CSI-RS and PDSCH mapping 
As mentioned in Section 10.2.2.1, when demodulation reference signals are transmitted 
within a resource block, the corresponding resource elements on which the reference signals 
are transmitted are explicitly avoided when mapping PDSCH symbols to resource elements. 
This “modified” PDSCH mapping, which is not “understood” by earlier-release terminals, 
is possible as demodulation reference signals can be assumed to be transmitted only in 
resource blocks in which terminals supporting such reference signals are scheduled— 
that is, terminals based on LTE 10 or later.'’ Expressed alternatively, an earlier-release ter- 
minal can be assumed never to be scheduled in a resource block in which demodulation 
reference signals are transmitted and thus in which the modified PDSCH mapping is used. 
The situation is different for CSI-RS. As a CSI-RS is transmitted within all resource 
blocks in the frequency domain, it would imply a strong scheduler constraint to assume that 
release-8/9 terminals would never be scheduled in a resource block in which CSI-RS is 
transmitted. If the PDSCH mapping were modified to explicitly avoid the resource elements 
in which CSI-RS is transmitted, the mapping would not be recognized by a releases-8/9 
terminal. Instead, in the case of resource blocks scheduled to release-8/9 terminals, the 
PDSCH is mapped exactly according to release 8—that is, the mapping is not modified to 
avoid the resource elements on which CSI-RS is to be transmitted. The CSI-RS is then simply 
transmitted on top of the corresponding PDSCH symbols.'® This will impact the PDSCH 
demodulation performance, as some PDSCH symbols will be highly corrupted. However, the 


'7Partly also for terminals of release 9, but then only for a maximum of two DM-RS. 

'8In practice, the base station may instead not transmit PDSCH at all or, equivalently, transmit PDSCH with 
zero energy in these resource elements in order to avoid interference to the CSI-RS transmission. The key thing 
is that the mapping of the remaining PDSCH symbols is in line with release 8. 
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remaining PDSCH symbols will not be impacted and the PDSCH will still be decodable, 
although with somewhat reduced performance. 

On the other hand, if a release- 10 terminal is scheduled in a resource block in which CSI-RS 
is transmitted, the PDSCH mapping is modified to explicitly avoid the resource elements on 
which the CSI-RS is transmitted, similar to demodulation reference signals. Thus, if CSI-RS is 
transmitted in a resource block, the PDSCH mapping to that resource block will be somewhat 
different depending on the release of the terminal being scheduled in the resource block. 

It should be noted that release-8 mapping also has to be used for transmission of, for 
example, system information and paging messages, as such transmissions must be possible to 
receive by release-8/9 terminals. 


10.2.3.3 Zero-power CSI-RS 

As described above, release-10-and-beyond terminals can assume that the PDSCH mapping 

avoids the resource elements corresponding to the set of CSI-RS configured for the terminal. 
In addition to conventional CSI-RS, there is also the possibility to configure a terminal 

with a set of zero-power CSI-RS resources, where each zero-power CSI-RS has the same 

structure as a “conventional” (non-zero-power) CSI-RS: 


¢ A certain periodicity (5S ms, 10 ms, 20 ms, 40 ms, or 80 ms). 
¢« A certain subframe offset within the period. 
¢« A certain configuration within a resource-block pair. 


The intention with the zero-power CSI-RS is simply to define additional CSI-RS resources to 
which the terminal should assume that PDSCH is not mapped. These resources may, for 
example, correspond to CSI-RS of other terminals within the cell or within neighbor cells. They 
may also correspond to so-called CSI-IM resources, as discussed in more detail in Chapter 13. 

It should be noted that, despite the name, the zero-power CSI-RS resources may not 
necessarily be of zero power as they may, for example, correspond to “normal” (non-zero- 
power) CSI-RS configured for other terminals within the cell. The key thing is that a terminal 
for which a certain zero-power CSI-RS resource has been configured should assume that 
PDSCH mapping avoids the corresponding resource elements. 


10.2.4 Quasi-co-location relations 


Chapter 9 briefly discussed the concept of quasi-co-located antenna ports. As also mentioned, 
at least for the downlink, an antenna port can be seen as corresponding to a specific reference 
signal. Thus it is important to understand what assumptions can be made regarding the re- 
lations, in terms of quasi-co-location, between downlink antenna ports corresponding to 
different reference signals. 

Downlink antenna ports 0 to 3, corresponding to up to four cell-specific reference signals 
(CRS), can always be assumed to be jointly quasi-co-located. Similarly, antenna ports 7 to 14, 
corresponding to up to eight demodulation reference signals (DM-RS), can also always be 
assumed to be jointly quasi-located. It should be pointed out though that the quasi-co-location 


ee 
184 CHAPTER 10 Downlink Physical-Layer Processing 


assumption for DM-RS is only valid within a subframe. The reason for this restriction is to be 
able to switch a PDSCH transmission that relies on DM-RS between different transmission 
points on a subframe basis, implying that quasi-co-location cannot be assumed between 
subframes even for a certain antenna port. Finally, antenna ports 15 to 22, corresponding to 
the up to eight CSI-RS of a specific CSI-RS configuration, can also always be assumed to be 
jointly quasi-co-located. 

When it comes to quasi-co-location relations between antenna ports corresponding to 
different types of reference signals, for transmission modes 1-9 it can always be assumed that 
antenna ports 0-3 and 7—22—that is, CRS, DM-RS, and CSI-RS—are all jointly quasi-co- 
located. As a consequence, the only case when quasi-co-location can not necessarily be 
assumed for different types of reference signals is for the case of transmission mode 10. As will 
also be discussed in Section 10.3, transmission mode 10 was specifically introduced in LTE 
release 10 to support multi-point coordination/transmission. It is also in this case that the 
concept of quasi-co-location and lack thereof becomes relevant and, as indicated in Chapter 9, 
the concept of quasi-co-location was introduced in LTE release 11 for this specific reason. The 
specific aspects of quasi-co-location in case of transmission mode 10, and especially the quasi- 
co-location relation between the CSI-RS configured for a terminal and the set of DM-RS 
related to PDSCH transmission for that terminal, will be discussed in Chapter 15 as part of 
a more detailed discussion on multi-point coordination and transmission. 


10.3 Multi-antenna transmission 


As illustrated in Figure 10.14, multi-antenna transmission in LTE can, in general, be 
described as a mapping from the output of the data modulation to a set of antenna ports. The 
input to the antenna mapping thus consists of the modulation symbols (QPSK, 16QAM, 
64QAM) corresponding to the one or two transport blocks of a TTI. 

The output of the antenna mapping is a set of symbols for each antenna port. These 
symbols are subsequently applied to the OFDM modulator—that is, mapped to the basic 
OFDM time-frequency grid corresponding to that antenna port. 


10.3.1 Transmission modes 


The different multi-antenna transmission schemes correspond to different so-called trans- 
mission modes. There are currently ten different transmission modes defined for LTE. They 
differ in terms of the specific structure of the antenna mapping of Figure 10.14 but also in 
terms of what reference signals are assumed to be used for demodulation (cell-specific 
reference signals or demodulation reference signals respectively) and how CSI is acquired by 
the terminal and fed back to the network. Transmission mode 1 corresponds to single-antenna 
transmission while the remaining transmission modes correspond to different multi-antenna 
transmission schemes, including transmit diversity, beam-forming, and spatial multiplexing. 
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FIGURE 10.14 


General structure for LTE downlink multi-antenna transmission. Modulation symbols corresponding 
to one or two transport blocks mapped to up to eight antenna ports 


Actually, LTE supports both beam-forming and spatial multiplexing as part of more general 
antenna precoding. Furthermore, there are two approaches to downlink antenna precoding: 
codebook-based precoding and non-codebook-based precoding. The reason for these specific 
names will be further clarified below. 

Transmission mode 10 is somewhat of a special case. As mentioned earlier, transmission 
mode 10 was introduced in LTE release 11 to support different means of dynamic multi-point 
coordination and transmission (see Chapter 15). From a terminal point-of-view, the downlink 
transmission in case of transmission mode 10 is identical to that of transmission mode 9—that 
is, the terminal will see an up to eight-layers PDSCH transmission and rely on DM-RS for 
channel estimation. One important difference between transmission mode 9 and transmission 
mode 10 lies in the acquisition and feedback of channel-state information (CSI) where 
transmission mode 10 allows for more elaborate multi-point measurements and feedback 
based on CSI processes, as will be further discussed in Chapter 15. Another important dif- 
ference lies in what a terminal can assume in terms of quasi-co-location relations between 
different types of antenna ports, as mentioned in Section 10.2.4 and further discussed in 
Chapter 15. 

It should be pointed out that transmission modes are only relevant for DL-SCH 
transmission. Thus, a certain transmission mode should not be seen as identical to a 
certain multi-antenna transmission configuration. Rather, a certain multi-antenna trans- 
mission scheme is applied to DL-SCH transmission when a terminal is configured in a 
certain transmission mode. The same multi-antenna transmission scheme may also be 
applied to other types of transmissions, such as transmission of BCH and L1/L2 control 
signaling. ’® However, this does not mean that the corresponding transmission mode is 
applied to such transmissions. 


' Actually, only single-antenna transmission and transmit diversity is applicable to BCH and L1/L2 control 
signaling. 
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The list below summarizes the currently defined transmission modes and the associated 
multi-antenna transmission schemes. The different multi-antenna transmission schemes are 
described in more detail in the sections below. 


¢ Transmission mode 1: Single-antenna transmission. 

¢ Transmission mode 2: Transmit diversity. 

¢ Transmission mode 3: Open-loop codebook-based precoding in the case of more than 
one layer, transmit diversity in the case of rank-one transmission. 

¢ Transmission mode 4: Closed-loop codebook-based precoding. 

¢ Transmission mode 5: Multi-user-MIMO version of transmission mode 4. 

¢ Transmission mode 6: Special case of closed-loop codebook-based precoding limited to 
single-layer transmission. 

¢ Transmission mode 7: Non-codebook-based precoding supporting single-layer PDSCH 
transmission. 

¢ Transmission mode 8: Non-codebook-based precoding supporting up to two layers 
(introduced in LTE release 9). 

¢ Transmission mode 9: Non-codebook-based precoding supporting up to eight layers 
(extension of transmission mode 8, introduced in LTE release 10). 

¢ Transmission mode 10: Extension of transmission mode 9 for enhanced support of 
different means of downlink multi-point coordination and transmission, also referred 
to as CoMP (introduced in LTE release 11). 


In case of transmission modes | to 6, transmission is carried out from antenna ports 0 to 3. 
Thus the cell-specific reference signals (CRS) are to be used for channel estimation. 
Transmission mode 7 corresponds to transmission on antenna port 5 while transmission 
modes 8 to 10 correspond to transmission on antenna ports 7 to 14 (in case of transmission 
mode 8 limited to antenna ports 7 and 8). Thus, for transmission modes 7 to 10, demodulation 
reference signals (DM-RS) are to be used for channel estimation. 

In practice, terminals configured for transmission modes | to 8 can be assumed to rely on 
CRS to acquire CSI while, for transmission modes 9 and 10, CSI-RS should be used. 

It should also be mentioned that, although a certain multi-antenna transmission scheme 
can be seen as being associated with a certain transmission mode, for transmission modes 
3-10 there is a possibility for fallback to transmit diversity without implying that the 
configured transmission mode is changed. 


10.3.2 Transmit diversity 


Transmit diversity can be applied to any downlink physical channel. However, it is especially 
applicable to transmissions that cannot be adapted to time-varying channel conditions by 
means of link adaptation and/or channel-dependent scheduling, and thus for which diversity 
is more important. This includes transmission of the BCH and PCH transport channels, as well 
as L1/L2 control signaling. Actually, as already mentioned, transmit diversity is the only 
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multi-antenna transmission scheme applicable to these channels. Transmit diversity is also used 
for transmission of DL-SCH when transmission mode 2 is configured. Furthermore, as also 
already mentioned, transmit diversity is a “fallback mode” for DL-SCH transmission when the 
terminal is configured in transmission modes 3 and higher. More specifically, a scheduling 
assignment using DCI format 1A (see Section 10.4.6) implies the use of transmit diversity 
regardless of the configured transmission mode. 

Transmit diversity assumes the use of cell-specific reference signals for channel estima- 
tion. Thus, a transmit-diversity signal is always transmitted on the same antenna ports as the 
cell-specific reference signals (antenna ports 0 to 3). Actually, if a cell is configured with two 
cell-specific reference signals, transmit diversity for two antenna ports must be used for BCH 
and PCH, as well as for the L1/L2 control signaling on PDCCH.”° Similarly, if four cell- 
specific reference signals are configured for the cell, transmit diversity for four antenna 
ports has to be used for the transmission of these channels. In this way, a terminal does not 
have to be explicitly informed about what multi-antenna transmission scheme is used for 
these channels. Rather, this is given implicitly from the number of cell-specific reference 
signals configured for a cell.7! 


10.3.2.1 Transmit diversity for two antenna ports 

In the case of two antenna ports, LTE transmit diversity is based on Space-Frequency Block 
Coding (SFBC), as described in Chapter 5. As can be seen from Figure 10.15, SFBC implies 
that two consecutive modulation symbols S; and S;;; are mapped directly to frequency- 
adjacent resource elements on the first antenna port. On the second antenna port the 
frequency-swapped and transformed symbols —S;; and S; are mapped to the corresponding 
resource elements, where “*” denotes complex conjugate. 

Figure 10.15 also indicates how the antenna ports on which a transmit-diversity signal is 
being transmitted correspond to the cell-specific reference signals, more specifically CRS 
0 and CRS 1 in the case of two antenna ports. Note that one should not interpret this such that 
the CRS is specifically transmitted for this transmit-diversity signal. There are, in practice, 
multiple transmissions on antenna ports 0 and 1, all of which rely on the corresponding CRS 
for channel estimation. 


10.3.2.2 Transmit diversity for four antenna ports 

In the case of four antenna ports, LTE transmit diversity is based on a combination of SFBC 
and Frequency-Switched Transmit Diversity (FSTD). As can be seen in Figure 10.16, com- 
bined SFBC/FSTD implies that pairs of modulation symbols are transmitted by means of 
SFBC with transmission alternating between pairs of antenna ports (antenna ports 0 and 2 and 
antenna ports 1 and 3 respectively). For the resource elements where transmission is on one 


?0Note that this is not true for the EPDCCH control channel. 

*! Actually, the situation is partly the opposite, i.e. the terminal blindly detects the number of antenna ports used 
for BCH transmission and, from that, decides on the number of cell-specific reference signals configured within 
the cell. 
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Transmit diversity for two antenna ports—SFBC 
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Transmit diversity for four antenna ports—Combined SFBC/FSTD 
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FIGURE 10.17 


The basic structure of LTE codebook-based antenna precoding. The figure also indicates how cell- 
specific reference signals (CRS) are applied after pre-coding 


pair of antenna ports, there is no transmission on the other pair of antenna ports. Thus, combined 
SFBC/FSTD in some sense operates on groups of four modulation symbols and corresponding 
groups of four frequency-consecutive resource elements on each antenna port. 


10.3.3 Codebook-based precoding 


The basic processing for codebook-based precoding is illustrated in Figure 10.17. The 
modulation symbols corresponding to one or two transport blocks are first mapped to 
N layers. The number of layers may range from a minimum of one layer up to a maximum 
number of layers equal to the number of antenna ports.’” The layers are then mapped to the 
antenna ports by means of the precoder. As codebook-based precoding relies on the cell- 
specific reference signals for channel estimation, and there are at most four cell-specific 
reference signals in a cell, codebook-based precoding allows for a maximum of four an- 
tenna ports and, as a consequence, a maximum of four layers. 

The mapping to layers is outlined in Figure 10.18 for the case of an initial transmission. 
There is one transport block in the case of a single layer (Vy = 1) and two transport blocks for 
two or more layers (Ny, > 1). In the case of a hybrid-ARQ retransmission, if only one of two 
transport blocks needs to be retransmitted and that transport block was mapped to two layers 
for the initial transmission, the retransmission will also be carried out on two layers. Thus, in 
the case of a retransmission, a single transport block may also be transmitted using two layers. 

The mapping to layers is such that the number of modulation symbols on each layer is the 
same and equal to the number of symbols to be transmitted on each antenna port. Thus, in 
the case of three layers, there should be twice as many modulation symbols corresponding to 
the second transport block (mapped to the second and third layers) compared to the first 


In practice, the number of layers is also limited by, and should not exceed, the number of receive antennas 
available at the terminal. 
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FIGURE 10.18 


Transport-block-to-layer mapping for codebook-based antenna precoding (initial transmission) 


transport block (mapped to the first layer). This is ensured by the selection of an appropriate 
transport-block size in combination with the rate-matching functionality. In the case of four 
layers, the first transport block is mapped to the first and second layers while the second 
transport block is mapped to the third and fourth layers. In this case, the number of modu- 
lation symbols should thus be the same for the two transport blocks. For one transport block 
being mapped to two layers, the modulated symbols corresponding to the transport block are 
mapped to the layers in an alternating fashion—that is, every second modulation symbol is 
mapped to the first and second layer respectively. 

In the case of multi-antenna precoding the number of layers is also often referred to as the 
transmission rank.*? The transmission rank can vary dynamically, for example based on the 
number of layers that can be supported by the channel. The latter is sometimes also referred to 
as the channel rank. 

After layer mapping, a set of NM, symbols (one symbol from each layer) is linearly 
combined and mapped to the antenna ports. This combination/mapping can be described by a 
precoder matrix W of size Na x N,, where Na is the number of antenna ports which, for 
codebook-based precoding equal two or four. More specifically, the vector y; of size Na, 
consisting of one symbol for each antenna port, is given by y; = W-x;, where the vector x; of 
size Ny consists of one symbol from each layer. As the number of layers can vary dynami- 
cally, also the number of columns of the precoder matrix will vary dynamically. Specifically, 
in the case of a single layer, the precoder matrix W is a vector of size Na x | that provides 
beam-forming for a single modulation symbol. 

Figure 10.17 also indicates how the cell-specific reference signals are applied after an- 
tenna precoding. Channel estimation based on the cell-specific reference signals will thus 
reflect the channel for each antenna port not including the precoding. As a consequence, the 
terminal receiver must have explicit knowledge about what precoding has been applied at the 
transmitter side in order to properly process the received signal and recover the different 
layers. Once again, the figure should not be interpreted such that cell-specific reference 
signals are inserted specifically for a given PDSCH transmission. 


?3In the LTE specification, transmit diversity is also described as transmission using multiple layers. However, 
transmit diversity is still a single-rank transmission scheme. 


aaa 


10.3 Multi-antenna transmission 191 


There are two operational modes for codebook-based precoding, closed-loop operation 
and open-loop operation. These two modes differ in terms of the exact structure of the 
precoder matrix and how the matrix is selected by the network and made known to the 
terminal. 


10.3.3.1 Closed-loop precoding 
In case of closed-loop precoding it is assumed that the network selects the precoder matrix 
based on feedback from the terminal. As already mentioned, closed-loop precoding is 
associated with transmission mode 4. 

Based on measurements on the cell-specific reference signals, the terminal selects a 
suitable transmission rank and corresponding precoder matrix. Information about the selected 
rank and precoder matrix is then reported to the network in the form of a Rank Indication (RD 
and a Precoder-Matrix Indication (PMI), as described in Section 11.4. It is important to 
understand that the RI and PMI are only recommendations and the network does not need to 
follow the RI/PMI provided by the terminal when selecting the actual transmission rank and 
precoder matrix to be used for transmission to the terminal. When not following the terminal 
recommendation, the network must explicitly inform the terminal what precoder matrix is 
used for the downlink transmission. On the other hand, if the network uses the precoder 
matrix recommended by the terminal, only a confirmation that the network is using the 
recommended matrix is signaled. 

To limit the signaling on both uplink and downlink, only a limited set of precoder matrices, 
also referred to as the codebook, is defined for each transmission rank for a given number of 
antenna ports. Both the terminal (when reporting PMI) and the network (when selecting the 
actual precoder matrix to use for the subsequent downlink transmission to the terminal) 
should select a precoder matrix from the corresponding codebook. Thus, for terminal PMI 
reporting, as well as when the network informs the terminal about the actual precoder matrix 
used for the downlink transmission, only the index of the selected matrix needs to be signaled. 

As LTE supports codebook-based precoding for two and four antenna ports, codebooks are 
defined for: 


¢ Two antenna ports and one and two layers, corresponding to precoder matrices of size 
2 x 1 and2 x 2 respectively. 

¢ Four antenna ports and one, two, three, and four layers, corresponding to precoder 
matrices of size 4 x 1,4 x 2,4 x 3, and4 x 4 respectively. 


As an example, the precoder matrices specified for the case of two antenna ports are 
illustrated in Table 10.3. As can be seen, there are four 2 x 1 precoder matrices for single- 
layer transmission and three 2 x 2 precoder matrices for two-layer transmission. In the 
same way, sets of 4 x 1,4 x 2,4 x 3, and 4 x 4 matrices are defined for the case of four 
antenna ports and one, two, three, and four layers respectively. It should be pointed out that 
the first rank-2 (2 x 2) matrix in Table 10.3 is not used in closed-loop operation but only for 
open-loop precoding, as described in the next section. 
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Table 10.3 Precoder Matrices for Two Antenna Ports and One and Two Layers. The First 2x2 
Matrix is only Used for Open-Loop Precoding 


One layer | aie ae | 
J2|+1 V2|-1 Q| +) J2|— 
Two layers 1 [+1 0 1f440 41 1f440 +41 
vYo|o +H a}41 -1 atH 


Even if the network is following the precoder-matrix recommendation provided by the 
terminal, the network may, for different reasons, decide to use a lower rank for the trans- 
mission, so-called rank override. In that case the network will use a subset of the columns of 
the recommended precoder matrix. The network precoder confirmation will then include 
explicit information about the set of columns being used or, equivalently, about the set of 
layers being transmitted. 

There is also a possibility to apply closed-loop precoding strictly limited to single- 
layer (rank-1) transmission. This kind of multi-antenna transmission is associated with 
transmission mode 6. The reason for defining an additional transmission mode limited 
to single-layer transmission rather than relying on the general closed-loop precoding 
associated with transmission mode 4 is that, by strictly limiting to single-layer 
transmission, the signaling overhead on both downlink and uplink can be reduced. 
Transmission mode 6 can, for example, be configured for terminals with low SINR for 
which multi-layer transmission would not apply in order to harvest the beam-forming 
gain. 


10.3.3.2 Open-loop precoding 

Open-loop precoding does not rely on any detailed precoder recommendation being reported 
by the terminal and does not require any explicit network signaling of the actual precoder 
used for the downlink transmission. Instead, the precoder matrix is selected in a predefined 
and deterministic way known to the terminal in advance. One use of open-loop precoding is in 
high-mobility scenarios where accurate feedback is difficult to achieve due to the latency in 
the PMI reporting. As already mentioned, open-loop precoding is associated with trans- 
mission mode 3. 

The basic transmission structure for open-loop precoding is aligned with the general 
codebook-based precoding outlined in Figure 10.17 and only differs from closed-loop pre- 
coding in the structure of the precoding matrix W. 

In the case of open-loop precoding, the precoder matrix can be described as the product of 
two matrices W’ and P, where W’ and P are of size Na x Ny and Ny x M_, respectively: 


Ww=W'-P (10.1) 


Ne 2x = = CCU 
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In the case of two antenna ports, the matrix W’ is the normalized 2 x 2 identity matrix:** 


1 
w! =< i i] (10.2) 


In the case of four antenna ports, W’ is given by cycling through four of the defined 4 x My, 
precoder matrices and is different for consecutive resource elements. 

The matrix P can be expressed as P = D; - U, where U is a constant matrix of size NL x Ny 
and D; is a matrix of size N, x Nz, that varies between subcarriers (indicated by the index i). As 
an example, the matrices U and D; for the case of two layers (NL = 2) are given by: 


1 
U=— in| D; = E imi | (10.3) 

The basic idea with the matrix P is to average out any differences in the channel conditions 
as seen by the different layers. 

Similar to closed-loop precoding, the transmission rank for open-loop precoding can also 
vary dynamically down to a minimum of two layers. Transmission mode 3, associated with 
open-loop precoding, also allows for rank-1 transmission. In that case, transmit diversity as 
described in Section 10.3.1 is used—that is, SFBC for two antenna ports and combined 
SFBC/FSTD for four antenna ports. 


10.3.4 Non-codebook-based precoding 


Similar to codebook-based precoding, non-codebook-based precoding is only applicable to 
DL-SCH transmission. Non-codebook-based precoding was introduced in LTE release 9 but 
was then limited to a maximum of two layers. The extension to eight layers was then 
introduced as part of release 10. The release-9 scheme, associated with transmission mode 8, 
is a subset of the extended release-10 scheme (transmission mode 9). 

There is also a release-8 non-codebook-based precoding defined, associated with trans- 
mission mode 7. Transmission mode 7 relies on the release-8 demodulation reference signals 
mentioned but not described in detail in Section 10.2.2 and only supports single-layer 
transmission. In this description we will focus on non-codebook-based precoding corre- 
sponding to transmission modes 8 and 9. 

The basic principles for non-codebook-based precoding can be explained based on 
Figure 10.19 (where the precoder is intentionally shaded). As can be seen, this figure is very 
similar to the corresponding figure illustrating codebook-based precoding (Figure 10.17), 
with layer mapping of modulation symbols corresponding to one or two transport blocks 
followed by precoding. The layer mapping also follows the same principles as that of 
codebook-based precoding (see Figure 10.18) but is extended to support up to eight layers. 
In particular, at least for an initial transmission, there are two transport blocks per TTI 


*4 4s non-codebook-based precoding is not used for rank-1 transmission, there is no need for any matrix W’ of 
size 2 x 1. 
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FIGURE 10.19 


Basic principles for non-codebook-based antenna precoding 


except for the case of a single layer, in which case there is only one transport block within 
the TTI. Similar to codebook-based precoding, for hybrid-ARQ retransmissions there may 
in some cases be a single transport block also in the case of multi-layer transmission. 

The main difference in Figure 10.19 compared to Figure 10.17 (codebook-based pre- 
coding) is the presence of demodulation reference signals (DM-RS) before the precoding. 
The transmission of precoded reference signals allows for demodulation and recovery of the 
transmitted layers at the receiver side without explicit receiver knowledge of the precoding 
applied at the transmitter side. Put simply, channel estimation based on precoded demodu- 
lation reference signals will reflect the channel experienced by the layers, including the 
precoding, and can thus be used directly for coherent demodulation of the different layers. 
There is no need to signal any precoder-matrix information to the terminal, which only needs 
to know the number of layers—that is, the transmission rank. As a consequence, the network 
can select an arbitrary precoder and there is no need for any explicit codebook to select from. 
This is the reason for the term non-codebook-based precoding. It should be noted though that 
non-codebook-based precoding may still rely on codebooks for the terminal feedback, as 
described below. 

The possibility to select an arbitrary precoder matrix for the transmission is also the reason 
why the precoder is shaded in Figure 10.19. The precoder part of Figure 10.19 is not visible in 
the LTE specification and, strictly speaking, in the case of non-codebook-based precoding the 
antenna mapping defined according to Figure 10.14 consists of only the layer mapping. This 
also means that the antenna ports defined in Figure 10.14 correspond to the different layers in 
Figure 10.19, or, expressed differently, precoding occurs after the antenna ports. 

Still, there must be a way for the network to select a suitable precoder matrix for the 
transmission. There are essentially two ways by which this can be done in the case of non- 
codebook-based precoding. 
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The network may estimate the uplink channel state, for example based on transmission of 
uplink sounding reference signals as described in the next chapter, and rely on uplink/ 
downlink channel reciprocity when selecting the precoder matrix to use for the downlink 
transmission. This is especially of interest for TDD operation for which the use of the same 
frequency for uplink and downlink transmission typically leads to a higher degree of 
downlink/uplink channel reciprocity. It should be noted though that if the terminal uses 
multiple receive antennas, it also has to transmit on multiple antennas in order for uplink 
measurements to fully reflect the downlink channel state. 

Alternatively, the network may rely on terminal feedback for precoder-matrix selection. 
For transmission modes 8 and 9, this feedback is actually very similar to the corresponding 
feedback for closed-loop codebook-based precoding. In particular, the feedback is based on 
the same precoder matrices as for codebook-based precoding (see Table 10.3 for an example) 
but extended to handle up to eight antenna ports. Furthermore, for transmission mode 9, the 
terminal measurements should be based on CSI-RS, as described in Section 10.2.3, rather 
than the cell-specific reference signals. 

Thus, despite the name, non-codebook-based precoding may also use defined codebooks. 
However, in contrast to codebook-based precoding, the codebooks are then only used for the 
terminal PMI reporting and not for the actual downlink transmission. 


10.3.5 Downlink multi-user MIMO 


Spatial multiplexing implies the transmission of multiple layers—that is, multiple parallel 
transmissions on the same time-frequency resource—to the same terminal. The presence of 
multiple antennas at both the transmitter and receiver sides in combination with transmitter 
and/or receiver signal processing is then used to suppress interference between the different 
layers. 

Spatial multiplexing has often been referred to as Multi-Input-Multi-Output (MIMO) 
transmission, reflecting the fact that the channel in the case of spatial multiplexing can be 
seen as having multiple inputs, corresponding to the multiple transmit antennas, and multiple 
outputs, corresponding to the multiple receive antennas. The more specific term Single-User 
MIMO (SU-MIMO) is also often used for reasons that will become clearer below.”> 

The term Multi-User MIMO (MU-MIMO) is, in 3GPP, used to denote transmission to 
different terminals using the same time—frequency resource, in practice relying on multiple 
antennas at the transmitter (network) side to separate the two transmissions. 

In principle, one could realize MU-MIMO as a direct extension to spatial multiplexing, 
with the different layers simply being intended for different terminals. The set of terminals 
would demodulate and decode the full set of layers in the same way as for SU-MIMO. 


>The term MIMO is used to refer to any transmission using multiple transmit antennas and multiple receive 
antennas—not only limited to spatial multiplexing but also, for example, single-layer precoding to get beam- 
forming gains. 
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The data on a layer not intended for a specific terminal would then just be discarded by that 
terminal after demodulation/decoding. 

However, such an approach would imply that all terminals involved in the MU-MIMO 
transmission would need to know about the full set of layers being transmitted. It would 
also imply that one would need to have exactly the same resource assignment—that is, 
transmission on the same set of resource blocks, for all terminals involved in the MU-MIMO 
transmission. All terminals would also need to include the full set of receive antennas 
necessary to receive the overall multi-layer transmission. 

Instead, 3GPP has chosen an MU-MIMO approach that does not require terminal 
knowledge about the presence of the other transmissions, allows for only partly over- 
lapping resource assignments, and, at least in principle, does not require the presence of 
multiple receive antennas at the mobile terminal.?° There are two approaches to 
MU-MIMO with explicit support in the LTE specifications, one being an integrated part of 
transmission modes 8 and 9 corresponding to non-codebook-based precoding, and one 
being based on codebook-based precoding but associated with a special transmission mode, 
transmission mode 5. 


10.3.5.1 MU-MIMO within transmission modes 8/9 

In principle, MU-MIMO based on transmission modes 8 and 9 is straightforward. Based on 
feedback of channel-state information from terminals within the cell, the base station selects 
two or more terminals to transmit to using the same set of time-frequency resources. Non- 
codebook-based precoding for one or in some cases even multiple layers is then applied to 
each transmission in such a way that they are spatially separated at the receiver (terminal) 
sides. 

The spatial separation at the terminal side will typically not be perfect. To enhance channel 
estimation at the terminal side it is therefore preferred to use different demodulation reference 
signals (DM-RS) for the different transmissions in order to improve channel estimation.’ 

As discussed in Section 10.2.2.1, there are two methods by which reference-signal 
sequences can be assigned to downlink DM-RS: 


¢ Cell-specific assignment supported from LTE release 9, i.e. the release in which 
transmission mode 8 and DM-RS were introduced. 
e Fully terminal-specific assignment supported from LTE release 11. 


As also described in Section 10.2.2.1, in case of cell-specific assignment there is the pos- 
sibility to dynamically select between two different cell-specific reference-signal sequences. 


Note, though, that the LTE performance requirements in general assume the presence of at least two receive 
antennas at the mobile terminal. 

27s discussed in Section 10.3.1, transmission modes 8 and 9 are assumed to rely on DM-RS for channel 
estimation. 
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With pre-release-11 (cell-specific) DM-RS sequences there is the possibility for up to four 
different DM-RS supporting MU-MIMO between up to four different terminals. 


¢ Incase of single-layer transmission, the network can explicitly signal on which of 
antenna ports 7 and 8, corresponding to the two orthogonal cover codes (OCC), a 
transmission is carried out. This, in combination with the possibility to dynamically 
select between two reference-signal sequences, allows for up to four different DM-RS 
and a corresponding possibility for single-layer MU-MIMO transmission to up to four 
terminals in parallel. 

¢ In case of dual-layer transmission (on antenna ports 7 and 8), the possibility to 
dynamically select between two reference-signal sequences allows for MU-MIMO 
transmission to up to two terminals in parallel. 

¢ Incase of more than two layers, there is no signaling support for selecting reference- 
signal sequence and thus no pre-release-11 support for MU-MIMO. 


Note that one can also do MU-MIMO for single-layer and dual-layer transmission in 
parallel. There could, for example, be one two-layer transmission using one of the two 
reference-signal sequences and up to two one-layer transmissions using the other reference- 
signal sequence, separated by means of the two different OCCs. 

However, with the release-11 introduction of terminal-specific assignment of reference- 
signal sequences, as described in Section 10.2.2.1, MU-MIMO can, at least in principle, be 
applied to an arbitrary number of terminals regardless of the number of layers. In a normal, 
for example, macro-deployment, the number of terminals for which MU-MIMO can jointly 
be carried out is limited by the number of transmitter-side antennas and, in practice, the 
possibility for MU-MIMO for up to four terminals in parallel as supported prior to release 11 
is typically sufficient. However, the possibility for MU-MIMO between significantly more 
terminals is important in specific scenarios, especially in so-called shared-cell heterogeneous 
deployments (see further Chapter 16). 


10.3.5.2_ MU-MIMO based on CRS 

The above-described MU-MIMO transmission is part of transmission modes 8 and 9 and thus 
became available in LTE release 9, with further extension in release 10. However, already in 
LTE release 8, MU-MIMO was possible by a minor modification of transmission mode 
4— that is, closed-loop codebook-based beam-forming, leading to transmission mode 5. The 
only difference between transmission modes 4 and 5 is the signaling of an additional power 
offset between PDSCH and the cell-specific reference signals (CRS). 

In general, for transmission modes relying on CRS (as well as when relying on DM-RS) 
for channel estimation the terminal will use the reference signal as a phase reference but also 
as a power/amplitude reference for the demodulation of signals transmitted by means of 
higher-order modulation (16QAM and 64QAM). Thus, for proper demodulation of higher- 
order modulation, the terminal needs to know the power offset between the CRS and the 
PDSCH. 
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The terminal is informed about this power offset by means of higher-layer signaling. 
However, what is then provided is the offset between CRS power and the overall PDSCH 
power, including all layers. In the case of spatial multiplexing, the overall PDSCH power has 
to be divided between the different layers, and it is the relation between the CRS power and 
the per-layer PDSCH power that is relevant for demodulation. 

In the case of pure spatial multiplexing (no MU-MIMO)—that is, transmission modes 3 
and 4—the terminal knows about the number of layers and thus indirectly about the offset 
between the CRS power and the per-layer PDSCH power. 

In the case of MU-MIMO, the total available power will typically also be divided between 
the transmissions to the different terminals, with less PDSCH power being available for each 
transmission. However, terminals are not aware of the presence of parallel transmissions to 
other terminals and are thus not aware of any per-PDSCH power reduction. For this reason, 
transmission mode 5 includes the explicit signaling of an additional power offset of —3 dB to 
be used by the terminal in addition to the CRS/PDSCH power offset signaled by higher layers. 

Transmission mode 5 is limited to single-rank transmission and, in practice, limited to two 
users being scheduled in parallel, as there is only a single —3 dB offset defined. 

Note that the above power-offset signaling is not needed for MU-MIMO based on 
demodulation reference signals (transmission modes 8 and 9) as, in this case, each trans- 
mission has its own set of reference signals. The power per reference signal will thus scale 
with the number of layers and transmissions, similar to the PDSCH power, and the reference- 
signal to per-layer PDSCH power ratio will remain constant. 


10.4 Downlink L1/L2 control signaling 


To support the transmission of downlink and uplink transport channels, there is a need for certain 
associated downlink control signaling. This control signaling is often referred to as downlink 
LI/L2 control signaling, indicating that the corresponding information partly originates from 
the physical layer (Layer 1) and partly from Layer 2 MAC. Downlink L1/L2 control signaling 
consists of downlink scheduling assignments, including information required for the terminal 
to be able to properly receive, demodulate, and decode the DL-SCH** on a component carrier, 
uplink scheduling grants informing the terminal about the resources and transport format to use 
for uplink (UL-SCH) transmission, and hybrid-ARQ acknowledgements in response to 
UL-SCH transmissions. In addition, the downlink control signaling can also be used for the 
transmission of power-control commands for power control of uplink physical channels, as 
well as for certain special purposes such as MBSFN notifications. 

The basic time-frequency structure for transmission of L1/L2 control signaling is illus- 
trated in Figure 10.20, with control signaling being located at the beginning of each subframe 


°81_ 1/L2 control signaling is also needed for the reception, demodulation, and decoding of the PCH transport 
channel. 
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One subframe 


Control region Control Cell-specific 
(1-3 OFDM symbols) —_- signaling s- reference symbols 


FIGURE 10.20 


LTE time/frequency grid illustrating the split of the subframe into (variable-sized) control and data regions 


and spanning the full downlink carrier bandwidth. Each subframe can therefore be said to be 
divided into a control region followed by a data region, where the control region corresponds 
to the part of the subframe in which the L1/L2 control signaling is transmitted. Starting from 
release 11, there is also a possibility to locate parts of the L1/L2 control signaling in the data 
region as described further below. However, the split of a subframe into a control region and a 
data region still applies. 

To simplify the overall design, the control region always occupies an integer number of 
OFDM symbols, more specifically one, two, or three OFDM symbols (for narrow cell 
bandwidths, 10 resource blocks or less, the control region consists of two, three, or four 
OFDM symbols to allow for a sufficient amount of control signaling). In the case of carrier 
aggregation, there is one control region per component carrier. 

The size of the control region expressed in number of OFDM symbols, or, equivalently, the 
start of the data region, can be dynamically varied on a per-subframe basis independently for 
each component carrier.”” Thus, the amount of radio resources used for control signaling can 
be dynamically adjusted to match the instantaneous traffic situation. For a small number of 
users being scheduled in a subframe, the required amount of control signaling is small and a 
larger part of the subframe can be used for data transmission (larger data region). 

The maximum size of the control region is normally three OFDM symbols (four in the case 
of narrow cell bandwidths), as mentioned previously. However, there are a few exceptions to 
this rule. When operating in TDD mode, the control region in subframes one and six is restricted 
to at most two OFDM symbols since, for TDD, the primary synchronization signal (see Chapter 
14) occupies the third OFDM symbol in those subframes. Similarly, for MBSEN subframes (see 
Chapter 9), the control region is restricted to a maximum of two OFDM symbols. 

The reason for transmitting the control signaling at the beginning of the subframe is 
to allow for terminals to decode downlink scheduling assignments as early as possible. 
Processing of the data region—that is, demodulation and decoding of the DL-SCH trans- 
mission—can then begin before the end of the subframe. This reduces the delay in the 


The start of the data region is semi-statically configured when using cross-carrier scheduling (see Section 
10.4.1). 
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DL-SCH decoding and thus the overall downlink transmission delay. Furthermore, by 
transmitting the L1/L2 control channel at the beginning of the subframe—that is, by allowing 
for early decoding of the L1/L2 control information—terminals that are not scheduled in the 
subframe may power down the receiver circuitry for a part of the subframe, allowing for a 
reduced terminal power consumption. 

The downlink L1/L2 control signaling consists of five different physical-channel types, 
the first three located in the control region and the last two in the data region of a subframe: 


¢ The Physical Control Format Indicator Channel (PCFICH), informing the terminal 
about the size of the control region (one, two, or three OFDM symbols). There is one and 
only one PCFICH on each component carrier or, equivalently, in each cell. 

e The Physical Hybrid-ARQ Indicator Channel (PHICH), used to signal hybrid-ARQ 
acknowledgements in response to uplink UL-SCH transmissions. Multiple PHICHs can 
exist in each cell. 

e The Physical Downlink Control Channel (PDCCH), used to signal downlink scheduling 
assignments, uplink scheduling grants, or power-control commands. Each PDCCH 
typically carries signalling for a single terminal, but can also be used to address a group 
of terminals. Multiple PDCCHs can exist in each cell. 

¢ The Enhanced Physical Downlink Control Channel (EPDCCH), introduced in release 11 
to support DM-RS-based control signalling reception and carrying similar types of 
information as the PDCCH. However, in contrast to the PDCCH, the EPDCCH is located 
in the data region. Also, the EPDCCH can be subject to non-codebook-based precoding. 

e The Relay Physical Downlink Control Channel (R-PDCCH), introduced in release 10 to 
support relaying. A detailed discussion can be found in Chapter 18 in conjunction with 
the overall description of relays; at this stage it suffices to note that the R-PDCCH is 
transmitted in the data region. 


In the following sections, the PCFICH, PHICH, PDCCH, and EPDCCH are described in 
detail. 


10.4.1 Physical control format indicator channel 


The PCFICH indicates the instantaneous size of the control region in terms of the number of 
OFDM symbols—that is, indirectly where in the subframe the data region starts. Correct 
decoding of the PCFICH information is thus essential. If the PCFICH is incorrectly decoded, 
the terminal will neither know how to process the control channels nor where the data region 
starts for the corresponding subframe.*® The PCFICH consists of two bits of information, 
corresponding to the three*!control-region sizes of one, two, or three OFDM symbols (two, 


*°Theoretically, the terminal could blindly try to decode all possible control channel formats and, from which 
format that was correctly decoded, deduce the starting position of the data region, but this can be a very 
complex procedure. 

3!The fourth combination is reserved for future use. 
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three or four for narrow bandwidths), which are coded into a 32-bit codeword. The coded bits 
are scrambled with a cell- and subframe-specific scrambling code to randomize inter-cell 
interference, QPSK modulated, and mapped to 16 resource elements. As the size of the 
control region is unknown until the PCFICH is decoded, the PCFICH is always mapped to the 
first OFDM symbol of each subframe. 

The mapping of the PCFICH to resource elements in the first OFDM symbol in the 
subframe is done in groups of four resource elements, with the four groups being well 
separated in frequency to obtain good diversity. Furthermore, to avoid collisions between 
PCFICH transmissions in neighboring cells, the location of the four groups in the frequency 
domain depends on the physical-layer cell identity. 

The transmission power of the PCFICH is under control of the eNodeB. If necessary for 
coverage in a certain cell, the power of the PCFICH can be set higher than for other channels 
by “borrowing” power from, for example, simultaneously transmitted PDCCHs. Obviously, 
increasing the power of the PCFICH to improve the performance in an interference-limited 
system depends on the neighboring cells not increasing their transmit power on the inter- 
fering resource elements. Otherwise, the interference would increase as much as the signal 
power, implying no gain in received SIR. However, as the PCFICH-to-resource-element 
mapping depends on the cell identity, the probability of (partial) collisions with PCFICH in 
neighboring cells in synchronized networks is reduced, thereby improving the performance of 
PCFICH power boosting as a tool to control the error rate. 

The overall PCFICH processing is illustrated in Figure 10.21. 

To describe the mapping of the PCFICH, and L1/L2 control signaling in general, to 
resource elements, some terminology is required. As mentioned above, the mapping is 
specified in terms of groups of four resource elements, so-called resource-element groups. To 
each resource-element group, a symbol quadruplet consisting of four (QPSK) symbols is 
mapped. The main motivation behind this, instead of simply mapping the symbols one by 
one, is the support of transmit diversity. As discussed in Section 10.3, transmit diversity with 
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Numbering of resource-element groups in the control region (assuming a size of three OFDM 
symbols) 


up to four antenna ports is specified for L1/L2 control signaling. Transmit diversity for four 
antenna ports is specified in terms of groups of four symbols (resource elements) and, 
consequently, the L1/L2 control-channel processing is also defined in terms of symbol 
quadruplets. 

The definition of the resource-element groups assumes that reference symbols corre- 
sponding to two antenna ports are present in the first OFDM symbol, regardless of the actual 
number of antenna ports configured in the cell. This simplifies the definition and reduces the 
number of different structures to handle. Thus, as illustrated in Figure 10.22, in the first 
OFDM symbol there are two resource-element groups per resource block, as every third 
resource element is reserved for reference signals (or non-used resource elements corre- 
sponding to reference symbols on the other antenna port). As also illustrated in Figure 10.22, 
in the second OFDM symbol (if part of the control region) there are two or three resource- 
element groups depending on the number of antenna ports configured. Finally, in the third 
OFDM symbol (if part of the control region) there are always three resource-element groups 
per resource block. Figure 10.22 also illustrates how resource-element groups are numbered 
in a time-first manner within the size of the control region. 

Returning to the PCFICH, four resource-element groups are used for the transmission of the 
16 QPSK symbols. To obtain good frequency diversity the resource-element groups should be 
well spread in frequency and cover the full downlink cell bandwidth. Therefore, the four 
resource-element groups are separated by one-fourth of the downlink cell bandwidth in the 
frequency domain, with the starting position given by physical-layer cell identity. This is 
illustrated in Figure 10.23, where the PCFICH mapping to the first OFDM symbol in a sub- 
frame is shown for three different physical-layer cell identities in the case of a downlink cell 
bandwidth of eight resource blocks. As seen in the figure, the PCFICH mapping depends on the 
physical-layer cell identity to reduce the risk of inter-cell PCFICH collisions. The cell-specific 
shifts of the reference symbols, described in Section 10.2.1, are also seen in the figure. 

For terminals capable of carrier aggregation, there is one PCFICH per component carrier. 
Independent signaling of the control-region size on the different component carriers is used, 
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Example of PCFICH mapping in the first OFDM symbol for three different physical-layer cell identities 


implying that the control region may be of different size on different component carriers. 
Hence, in principle the terminal needs to receive the PCFICH on each of the component 
carriers it is scheduled upon. Furthermore, as different component carriers may have different 
physical-layer cell identities, the location and scrambling may differ across component 
carriers. 

If cross-carrier scheduling is used—that is, control signaling related to a certain PDSCH 
transmission is transmitted on a component carrier other than the PDSCH itself—the 
terminal needs to know the starting position for the data region on the carrier upon which 
the PDSCH is transmitted. Using the PCFICH on the component carrier carrying the 
PDSCH would be possible in principle, although it would increase the probability of 
incorrectly decoding the PDSCH since there are two PCFICH instances, one for the PDCCH 
decoding on one component carrier and one for PDSCH reception on the other component 
carrier. This would be problematic, especially since one use of cross-carrier scheduling is 
enhanced support of heterogeneous deployments (see Chapter 16), where some of the 
component carriers may be subject to strong interference. Therefore, for cross-carrier 
scheduled transmissions, the start of the data region is not obtained from the PCFICH on 
that component carrier, but is configured on a semi-static basis. The semi-statically 
configured value may differ from the value signaled on the PCFICH on the component 
carrier carrying the PDSCH transmission. 


10.4.2 Physical hybrid-ARQ indicator channel 


The PHICH is used for transmission of hybrid-ARQ acknowledgements in response to 
UL-SCH transmission. There is one PHICH transmitted per received transport block and 
TTI—that is, when uplink spatial multiplexing is used on a component carrier, two PHICHs 
are used to acknowledge the transmission, one per transport block. 
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For proper operation of the hybrid-ARQ protocol and to avoid spurious uplink trans- 
missions, the error rate of the PHICH should be sufficiently low. The operating point of the 
PHICH is not specified and is up to the network operator to decide upon, but typically 
ACK-to-NAK and NAK-to-ACK error rates of the order of 10-7 and 1077-104 respectively 
are targeted. The reason for the asymmetric error rates is that an NAK-to-ACK error would 
imply loss of a transport block at the MAC level, a loss that has to be recovered by RLC 
retransmissions with the associated delays, while an ACK-to-NAK error only implies an 
unnecessary retransmission of an already correctly decoded transport block. To meet these 
error-rate targets without excessive power, it is beneficial to control the PHICH transmission 
power as a function of the radio-channel quality of the terminal to which the PHICH is 
directed. This has influenced the design of the PHICH structure. 

In principle, a PHICH could be mapped to a set of resource elements exclusively used 
by this PHICH. However, taking the dynamic PHICH power setting into account, this 
could result in significant variations in transmission power between resource elements, 
which can be challenging from an RF implementation perspective. Therefore, it is pref- 
erable to spread each PHICH on multiple resource elements to reduce the power differ- 
ences while at the same time providing the energy necessary for accurate reception. To 
fulfill this, a structure where several PHICHs are code multiplexed on to a set of resource 
elements is used in LTE. The hybrid-ARQ acknowledgement (one single bit of informa- 
tion per transport block) is repeated three times, followed by BPSK modulation on either 
the I or the Q branch and spreading with a length-four orthogonal sequence. A set of 
PHICHs transmitted on the same set of resource elements is called a PHICH group, where 
a PHICH group consists of eight PHICHs in the case of normal cyclic prefix. An indi- 
vidual PHICH can thus be uniquely represented by a single number from which the 
number of the PHICH group, the number of the orthogonal sequence within the group, and 
the branch, I or Q, can be derived. 

For extended cyclic prefix, which is typically used in highly time-dispersive environments, 
the radio channel may not be flat over the frequency spanned by a length-four sequence. 
A non-flat channel would negatively impact the orthogonality between the sequences. Hence, 
for extended cyclic prefix, orthogonal sequences of length two are used for spreading, 
implying only four PHICHs per PHICH group. However, the general structure remains the 
same as for the normal cyclic prefix. 

After forming the composite signal representing the PHICHs in a group, cell-specific 
scrambling is applied and the 12 scrambled symbols are mapped to three resource- 
element groups. Similarly to the other L1/L2 control channels, the mapping is described 
using resource-element groups to be compatible with the transmit diversity schemes defined 
for LTE. 

The overall PHICH processing is illustrated in Figure 10.24. 

The requirements on the mapping of PHICH groups to resource elements are similar to 
those for the PCFICH, namely to obtain good frequency diversity and to avoid collisions 
between neighboring cells in synchronized networks. Hence, each PHICH group is mapped to 
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PHICH structure 


three resource-element groups, separated by approximately one-third of the downlink cell 
bandwidth. In the first OFDM symbol in the control region, resources are first allocated to the 
PCFICH, the PHICHs are mapped to resource elements not used by the PCFICH, and finally, 
as will be discussed further below, the PDCCHs are mapped to the remaining resource 
elements. 

Typically, the PHICH is transmitted in the first OFDM symbol only, which allows the 
terminal to attempt to decode the PHICH even if it failed decoding of the PCFICH. This is 
advantageous as the error requirements on the PHICH typically are stricter than for 
PCFICH. However, in some propagation environments, having a PHICH duration of a 
single OFDM symbol would unnecessarily restrict the coverage. To alleviate this, it is 
possible to semi-statically configure a PHICH duration of three OFDM symbols. In this 
case, the control region is three OFDM symbols long in all subframes to fulfill the general 
principle of separating the control region from data in the time domain only. The value 
transmitted on the PCFICH will be fixed (and can be ignored) in this case. For narrow 
bandwidths, where the control region can be up to four OFDM symbols long, there is still a 
need to use the PCFICH to differentiate between a size-three and size-four control region. 

The PHICH configuration is part of the system information transmitted on the PBCH; 
one bit indicates whether the duration is one or three OFDM symbols, and two bits indicate 
the amount of resources in the control region reserved for PHICHs, expressed as a fraction 
of the downlink cell bandwidth in terms of resource blocks. Having the possibility to 
configure the amount of PHICH resources is useful as the PHICH capacity depends on, for 
example, whether the network uses multi-user MIMO or not. The PHICH configuration 
must reside on the PBCH, as it needs to be known in order to properly process the PDCCHs 
for reception of the part of the system information on the DL-SCH. For TDD, the PHICH 
information provided on the PBCH is not sufficient for the terminal to know the exact set of 
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resources used by PHICH, as there is also a dependency on the uplink/downlink allocation, 
provided as part of the system information transmitted on the PDSCH. In order to receive 
the system information on the DL-SCH, which contains the uplink/downlink allocation, the 
terminal therefore has to blindly process the PDCCHs under different PHICH configuration 
hypotheses. 

In order to minimize the overhead and not introduce any additional signaling in the 
uplink grants, the PHICH that the terminal will expect the hybrid-ARQ acknowledgement 
upon is derived from the number of the first resource block upon which the corresponding 
uplink PUSCH transmission occurred. This principle is also compatible with semi- 
persistently scheduled transmission (see Chapter 13) as well as retransmissions. In addi- 
tion, the resources used for a particular PHICH further depend on the reference-signal phase 
rotation signaled as part of the uplink grant (see Section 10.4.7). In this way, multiple 
terminals scheduled on the same set of resources using multi-user MIMO will use different 
PHICH resources, as their reference signals are assigned different phase rotations through 
the corresponding field in the uplink grant. For spatial multiplexing, where two PHICH 
resources are needed, the second PHICH uses the same principle as the first, but to ensure 
that different PHICHs are used for the two transport blocks, the resource for the second 
PHICH is derived not from the first but from the second resource block upon which the 
PUSCH was transmitted.** 

This association is also used in the case of carrier aggregation. As a general principle, 
LTE transmits the PHICH on the same component carrier that was used for the 
grantscheduling the corresponding uplink data transmission. Not only is this principle 
general in the sense that it can handle symmetric as well as asymmetric carrier aggre- 
gation, it is also beneficial from a terminal power consumption perspective as the terminal 
only need monitor the component carriers it monitors for uplink scheduling grants 
(especially as the PDCCH may override the PHICH to support adaptive retransmissions, as 
discussed in Chapter 12). For the case when no cross-carrier scheduling is used—that is, 
each uplink component carrier is scheduled on its corresponding downlink component 
carrier—different uplink component carriers will by definition have different PHICH re- 
sources. With cross-carrier scheduling, on the other hand, transmissions on multiple uplink 
component carriers may need to be acknowledged on a single downlink component carrier, 
as illustrated in Figure 10.25. Avoiding PHICH collisions in this case is up to the scheduler 
by ensuring that different reference-signal phase rotations or different resource-block 
starting positions are used for the different uplink component carriers. For semi- 
persistent scheduling the reference-signal phase rotation is always set to zero, but since 
semi-persistent scheduling is supported on the primary component carrier only, there is no 
risk of collisions between component carriers. 


37In essence, this implies that uplink spatial multiplexing must use at least two resource blocks in the frequency 
domain. 
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10.4.3 Physical downlink control channel 


The PDCCH is used to carry downlink control information (DCI) such as scheduling 
decisions and power-control commands. More specifically, the DCI includes: 


¢ Downlink scheduling assignments, including PDSCH resource indication, transport 
format, hybrid-ARQ information, and control information related to spatial multiplexing 
Gf applicable). A downlink scheduling assignment also includes a command for power 
control of the PUCCH used for transmission of hybrid-ARQ acknowledgements in 
response to downlink scheduling assignments. 

¢ Uplink scheduling grants, including PUSCH resource indication, transport format, and 
hybrid-ARQ-related information. An uplink scheduling grant also includes a command 
for power control of the PUSCH. 

¢ Power-control commands for a set of terminals as a complement to the commands 
included in the scheduling assignments/grants. 


The different types of control information, both between the groups above as well as 
within the groups, correspond to different DCI message sizes. For example, supporting spatial 
multiplexing with non-contiguous allocation of resource blocks in the frequency domain 
requires a larger scheduling message in comparison with an uplink grant allowing for 
frequency-contiguous allocations only. The DCI is therefore categorized into different DCI 
formats, where a format corresponds to a certain message size and usage. The DCI formats 
are summarized in Table 10.4, including the size for an example of 20 MHz FDD operation 
with 2 Tx antennas at the base station and no carrier aggregation. The actual message size 
depends on, among other factors, the cell bandwidth as, for larger bandwidths, a larger 
number of bits is required to indicate the resource-block allocation. The number of cell- 
specific reference signals in the cell and whether cross-carrier scheduling is configured or 
not will also affect the absolute size of most DCI formats. Hence, a given DCI format may 
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Table 10.4 DCI Formats 
DCI Format Size (Bits) Usage 
Uplink O 45 Uplink scheduling grant 
4 53 Uplink scheduling grant 
with spatial multiplexing 
Downlink 1c 31 Special purpose compact 
assignment 
1A 45 Contiguous allocations 
only 
1B 46 Codebook-based beam- 
forming using CRS 
1D 46 Multi-user MIMO using 
CRS 
1 55 Flexible allocations 
2A 64 Open-loop spatial 
multiplexing using CRS 
2B 64 Dual-layer transmission 
using DM-RS (TM8) 
2C 66 Multi-layer transmission 
using DM-RS (TM9) 
2D 68 Multi-layer transmission 
using DM-RS (TM10) 
2 67 Closed-loop spatial 
multiplexing using CRS 
Special 3, 3A 45 Power control commands 


have different sizes depending on the overall configuration of the cell. This will be discussed 
further below; at this stage it suffices to note that formats 0, 1A, 3, and 3A have the same 
message size.°* 

One PDCCH carries one DCI message with one of the formats above. To support different 
radio-channel conditions, link adaptation can be used, where the code rate (and transmission 
power) of the PDCCH is selected to match the radio-channel conditions. As multiple ter- 
minals can be scheduled simultaneously, on both downlink and uplink, there must be a 
possibility to transmit multiple scheduling messages within each subframe. Each scheduling 
message is transmitted on a separate PDCCH, and consequently there are typically multiple 
simultaneous PDCCH transmissions within each cell. A terminal may also receive multiple 
DCI messages in the same subframe (on different PDCCHs), for example, if it is scheduled 
simultaneously in uplink and downlink. 


*3The smaller of DCI formats 0 and 1A is padded to ensure the same payload size. Which of 0 and 1A is padded 
depends on the uplink and downlink cell bandwidths; in the case of identical uplink and downlink bandwidths 
in a cell there is a single bit of padding in format 0. 
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For carrier aggregation, scheduling assignments/grants are transmitted individually per 
component carrier. PDCCH transmission for carrier aggregation is further elaborated upon in 
Section 10.4.8. 

Having introduced the concept of DCI formats, the transmission of the DCI message on a 
PDCCH can be described. The processing of downlink control signaling is illustrated in 
Figure 10.26. A CRC is attached to each DCI message payload. The identity of the terminal 
(or terminals) addressed—that is, the RNTI—is included in the CRC calculation and not 
explicitly transmitted. Depending on the purpose of the DCI message (unicast data trans- 
mission, power-control command, random-access response, etc.), different RNTIs are used; 
for normal unicast data transmission, the terminal-specific C-RNTI is used. 

Upon reception of DCI, the terminal will check the CRC using its set of assigned RNTIs. If the 
CRC checks, the message is declared to be correctly received and intended for the terminal. Thus, 
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the identity of the terminal that is supposed to receive the DCI message is implicitly encoded 
in the CRC and not explicitly transmitted. This reduces the amount of bits necessary to transmit 
on the PDCCH as, from a terminal point of view, there is no difference between a corrupt 
message whose CRC will not check and a message intended for another terminal. 

After CRC attachment, the bits are coded with a rate-1/3 tail-biting convolutional code and 
rate-matched to fit the amount of resources used for PDCCH transmission. Tail-biting con- 
volutional coding is similar to conventional convolutional coding with the exception that no 
tail bits are used. Instead, the convolutional encoder is initialized with the last bits of the 
message prior to the encoding process. Thus, the starting and ending states in the trellis in an 
MLSE (Viterbi) decoder are identical. 

After the PDCCHs to be transmitted in a given subframe have been allocated to the desired 
resource elements (the details of which are given below), the sequence of bits corresponding 
to all the PDCCH resource elements to be transmitted in the subframe, including the unused 
resource elements, is scrambled by a cell- and subframe-specific scrambling sequence to 
randomize inter-cell interference, followed by QPSK modulation and mapping to resource 
elements. 

To allow for simple yet efficient processing of the control channels in the terminal, the 
mapping of PDCCHs to resource elements is subject to a certain structure. This structure is 
based on so-called Control-Channel Elements (CCEs), which in essence is a convenient name 
for a set of 36 useful resource elements (nine resource-element groups as defined in Section 
10.4.1). The number of CCEs, one, two, four, or eight, required for a certain PDCCH depends 
on the payload size of the control information (DCI payload) and the channel-coding rate. 
This is used to realize link adaptation for the PDCCH; if the channel conditions for the 
terminal to which the PDCCH is intended are disadvantageous, a larger number of CCEs 
needs to be used compared to the case of advantageous channel conditions. The number of 
CCEs used for a PDCCH is also referred to as the aggregation level. 

The number of CCEs available for PDCCHs depends on the size of the control region, the 
cell bandwidth, the number of downlink antenna ports, and the amount of resources occupied 
by PHICH. The size of the control region can vary dynamically from subframe to subframe as 
indicated by the PCFICH, whereas the other quantities are semi-statically configured. The 
CCEs available for PDCCH transmission can be numbered from zero and upward, as illus- 
trated in Figure 10.27. A specific PDCCH can thus be identified by the numbers of the 
corresponding CCEs in the control region. 

As the number of CCEs for each of the PDCCHs may vary and is not signaled, the 
terminal has to blindly determine the number of CCEs used for the PDCCH it is addressed 
upon. To reduce the complexity of this process somewhat, certain restrictions on the ag- 
gregation of contiguous CCEs have been specified. For example, an aggregation of eight 
CCEs can only start on CCE numbers evenly divisible by 8, as illustrated in Figure 10.27. 
The same principle is applied to the other aggregation levels. Furthermore, some combina- 
tions of DCI formats and CCE aggregations that result in excessively high channel-coding 
rates are not supported. 
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The sequence of CCEs should match the amount of resources available for PDCCH 
transmission in a given subframe—that is, the number of CCEs varies according to the value 
transmitted on the PCFICH. In many cases, not all the PDCCHs that can be transmitted in the 
control region are used. Nevertheless, unused PDCCHs are part of the interleaving and 
mapping process in the same way as any other PDCCH. At the terminal, the CRC will not 
check for those “dummy” PDCCHs. Preferably, the transmission power is set to zero for those 
unused PDCCHs; the power can be used by other control channels. 

The mapping of the modulated composite control information is, for the same reason as 
for PCFICH and PHICH, described in terms of symbol quadruplets being mapped to 
resource-element groups. Thus, the first step of the mapping stage is to group the QPSK 
symbols into symbol quadruplets, each consisting of four consecutive QPSK symbols. In 
principle, the sequence of quadruplets could be mapped directly to the resource elements 
in sequential order. However, this would not exploit all the frequency diversity available in 
the channel, and diversity is important for good performance. Furthermore, if the same 
CCE-to-resource-element mapping is used in all neighboring cells, a given PDCCH will 
persistently collide with one and the same PDCCH in the neighboring cells assuming a fixed 
PDCCH format and inter-cell synchronization. In practice, the number of CCEs per PDCCH 
varies in the cell as a function of the scheduling decisions, which gives some randomization to 
the interference, but further randomization is desirable to obtain a robust control-channel 
design. Therefore, the sequence of quadruplets is first interleaved using a block interleaver 
to allow exploitation of the frequency diversity, followed by a cell-specific cyclic shift to 
randomize the interference between neighboring cells. The output from the cell-specific shift 
is mapped to resource-element groups in a time-first manner, as illustrated in Figure 10.22, 
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skipping resource-element groups used for PCFICH and PHICH. Time-first mapping pre- 
serves the interleaving properties; with frequency-first over multiple OFDM symbols, 
resource-element groups that are spread far apart after the interleaving process may end up 
close in frequency, although on different OFDM symbols. 

The interleaving operation described above, in addition to enabling exploitation of the 
frequency diversity and randomizing the inter-cell interference, also serves the purpose of 
ensuring that each CCE spans virtually all the OFDM symbols in the control region. This is 
beneficial for coverage as it allows flexible power balancing between the PDCCHs to ensure 
good performance for each of the terminals addressed. In principle, the energy available in the 
OFDM symbols in the control region can be balanced arbitrarily between the PDCCHs. The 
alternative of restricting each PDCCH to a single OFDM symbol would imply that power 
cannot be shared between PDCCHs in different OFDM symbols. 

Similarly to the PCFICH, the transmission power of each PDCCH is under the control of 
the eNodeB. Power adjustments can therefore be used as a complementary link adaptation 
mechanism in addition to adjusting the code rate. Relying on power adjustments alone might 
seem a tempting solution but, although possible in principle, it can result in relatively large 
power differences between resource elements. This may have implications on the RF 
implementation and may violate the out-of-band emission masks specified. Hence, to keep 
the power differences between the resource elements reasonable, link adaptation through 
adjusting the channel code rate, or equivalently the number of CCEs aggregated for a 
PDCCH, is necessary. Furthermore, lowering the code rate is generally more efficient than 
increasing the transmission power. The two mechanisms for link adaptation, power adjust- 
ments and different code rates, complement each other. 

To summarize and to illustrate the mapping of PDCCHs to resource elements in the 
control region, consider the example shown in Figure 10.28. In this example, the size of the 
control region in the subframe considered equals three OFDM symbols. Two downlink an- 
tenna ports are configured (but, as explained above, the mapping would be identical in the 
case of a single antenna port). One PHICH group is configured and three resource-element 
groups are therefore used by the PHICHs. The cell identity is assumed to be identical to 
zero in this case. 

The mapping can then be understood as follows: First, the PCFICH is mapped to four 
resource-element groups, followed by allocating the resource-element groups required for the 
PHICHs. The resource-element groups left after the PCFICH and PHICHs are used for the 
different PDCCHs in the system. In this particular example, one PDCCH is using CCE 
numbers 0 and 1, while another PDCCH is using CCE number 4. Consequently, there is a 
relatively large amount of unused resource-element groups in this example; either they can be 
used for additional PDCCHs or the power otherwise used for the unused CCEs could be 
allocated to the PDCCHs in use (as long as the power difference between resource elements is 
kept within the limits set by the RF requirements). Furthermore, depending on the inter-cell 
interference situation, fractional loading of the control region may be desirable, implying that 
some CCEs are left unused to reduce the average inter-cell interference. 
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10.4.4 Enhanced physical downlink control channel 


In release 11, a complementary control channel was introduced—the Enhanced Physical 
Downlink Control Channel (EPDCCH)—primarily differing from the PDCCH in terms of 
precoding and mapping to physical resources. The reasons for introducing the EPDCCH are 
twofold: 


¢ To enable frequency-domain scheduling and interference coordination also for control 
signaling. 
¢ To enable DM-RS-based reception for the control signaling. 


Unlike the PDCCH, which is transmitted in the control region and spans the full system 
bandwidth, the EPDCCH is transmitted in the data region and normally spans only a small 
portion of the overall bandwidth (see Figure 10.29). Hence, as it is possible to control in 
which part of the overall spectrum an EPDCCH is transmitted, it is possible not only to benefit 
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One PDCCH in the control region One EPDCCH in the data region 


FIGURE 10.29 
Principal illustration of PDCCH mapping (left) and ERDCCH mapping (right) 
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from frequency-selective scheduling for control channels, but also to implement various 
forms of inter-cell interference coordination schemes in the frequency domain. This can be 
very useful in, for example, heterogeneous deployments (see Chapter 16). Furthermore, as the 
EPDCCH uses DM-RS for demodulation in contrast to the CRS-based reception of the 
PDCCH, any precoding operations are therefore transparent to the terminal. The EPDCCH 
can therefore be seen as a prerequisite for COMP (see Chapter 15) as well as more advanced 
antenna solutions in general for which it is beneficial for the network to have the freedom of 
changing the precoding without explicitly informing the terminal. 

In contrast to the PDCCH, the EPDCCH decoding result is not available until the end of 
the subframe, which leaves less processing time for the PDSCH. Hence, for the largest 
DL-SCH payloads, the terminal may need a slightly faster PDSCH decoder compared to the 
PDCCH case to meet the hybrid-ARQ timing. 

With a few exceptions, the EPDCCH generally supports the same DCI formats as the 
PDCCH (see Table 10.4) and can thus be used for scheduling all the different transmission 
modes in both uplink and downlink. However, DCI formats 3/3A, used for uplink power 
control of multiple terminals, and format 1C, used for scheduling system information to 
multiple terminals, are not supported on the EPDCCH for reasons discussed in conjunction 
with search spaces in Section 10.4.5. 

The EPDCCH processing, illustrated in Figure 10.30, is virtually identical to that of a 
PDCCH apart from precoding and the resource-element mapping. The identity of the terminal 
addressed—that is, the RNTI—is implicitly encoded in the CRC and not explicitly trans- 
mitted. After CRC attachment, the bits are coded with a rate-1/3 tail-biting convolutional 
code and rate-matched to fit the amount of resources available for the EPDCCH in question. 
The coded and rate-matched bits are scrambled with a terminal and EPDCCH-set specific 
scrambling sequence (EPDCCH sets are described below) and QPSK-modulated before being 
mapped to the physical resources. Link adaptation is supported by adjusting the number of 
control-channel resources utilized by an encoded EPDCCH message, similar to the PDCCH. 

To describe the mapping of EPDCCH to physical resources, it is worthwhile to view this 
from a terminal perspective. Each terminal using EPDCCH is configured with one or two sets 
of physical resource blocks where EPDCCH transmission to that terminal may occur. Each 
set consists of two, four, or eight physical resource-block pairs, and the two sets may be of 
different size. There is full flexibility in the location of the resource-block pairs across the full 
downlink system bandwidth (the location is configured by higher layers using a combinatorial 
index) and the resource-block pairs do not have to be contiguous in frequency. It is important 
to understand that these sets are defined from a terminal perspective and only indicates where 
a terminal may receive EPDCCH transmissions. A resource-block pair not used for EPDCCH 
transmission to a particular terminal in a certain subframe can still be used for data trans- 
mission, either to the same terminal or to another terminal, despite being part of one of the 
two EPDCCH sets. 

An EPDCCH set is configured as being either localized or distributed. For a localized set, a 
single EPDCCH is mapped to one (or a few in case of the highest aggregation levels) physical 
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FIGURE 10.30 
EPDCCH coding 


resource-block pair to allow exploitation of frequency-domain scheduling gains. For a 
distributed set, on the other hand, a single EPDCCH is distributed over multiple physical 
resource-block pairs with the intention of providing robustness for situations in which there is 
limited or no channel-state information available at the transmitter. 

Providing two EPDCCH sets instead of just one is beneficial for several reasons. For 
example, one set can be configured for localized transmission in order to benefit from 
frequency-dependent scheduling, and the other set can be configured for distributed trans- 
mission and act as a fallback in case the channel-state feedback becomes unreliable due to the 
terminal moving rapidly. It is also useful for supporting CoMP as discussed further below. 

Inspired by the PDCCH, the EPDCCH mapping to physical resources is subject to a 
structure based on enhanced control-channel elements (ECCEs) and enhanced resource- 
element groups (EREGs). An EPDCCH is mapped to a number of ECCEs, where the num- 
ber of ECCEs used for an EPDCCH is known as the aggregation level and is used to realize 
link adaptation. If the radio conditions are worse, or if the EPDCCH payload is large, a larger 
number of ECCEs is used than for small payloads and/or good radio conditions. An EPDCCH 
uses a consecutive set of ECCEs in which the number of ECCEs used for an EPDCCH can be 


ee 
216 CHAPTER 10 Downlink Physical-Layer Processing 


1, 2, 4, 8, 16, or 32, although not all these values are possible for all configurations. Note 
though that the ECCE numbering is in the logical domain; consecutive ECCEs does not 
necessarily imply transmission on consecutive physical resource-block pairs. 

Each ECCE in turn consists of four** EREGs, where an EREG in essence corresponds to 
nine* resource elements in one physical resource-block pair. To define an EREG, number all 
resource elements in a physical resource-block pair cyclically in a frequency-first manner 
from 0 to 15, excluding resource-elements used for DM-RS. EREG number i consists of all 
resource elements with number i in that physical resource-block pair, and there are thus 16 
EREGs in one physical resource-block pair. However, note that not all nine resource elements 
in an EREG may be available for EPDCCH usage, as some resource elements are occupied 
by, for example, the PDCCH control region, cell-specific reference signals, or CSI reference 
signals. In Figure 10.31, an example with EREG 0 in one physical resource-block pair is 
shown. 

The mapping of ECCEs to EREGs is different for localized and distributed transmission 
(see Figure 10.32). 
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FIGURE 10.31 
Example of relation between EPDCCH, ECCEs, and EREGs for localized mapping with aggregation 
level 2 


*4Four holds for normal cyclic prefix; for extended cyclic prefix, and some special subframe configurations in 
normal cyclic prefix, there are eight EREGs per ECCE. 
Right in case of extended cyclic prefix. 
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Example of localized and distributed mapping of ECCEs (three physical resource-block pairs for 
EPDCCH assumed in this example) 


For localized transmission, the intention is to provide possibilities to select the physical 
resources and antenna precoding based on the instantaneous channel conditions. This is 
useful when exploiting channel-dependent scheduling or in conjunction with multi-antenna 
schemes such as CoMP (see Chapter 15). Hence, an ECCE is mapped to EREGs in the 
same physical resource-block pair, which allows the eNodeB to select the appropriate fre- 
quency region to which to transmit the EPDCCH. Only if one physical resource-block pair is 
not sufficient to carry one EPDDCH, that is, for the highest aggregation levels, a second 
physical resource-block pair is used. A single antenna port is used for transmission of the 
EPDCCH. The DM-RS associated with the EPDCCH transmission®® is a function of the 
ECCE index and the C-RNTI. This is useful to support multi-user MIMO (see Section 10.3.5) 
in which multiple EPDCCHs intended for different spatially separated terminals are trans- 
mitted using the same time-frequency resources, but with different DM-RS sequences. Up to 
four different orthogonal DM-RS sequences are available, implying that up to four different 
terminals can be multiplexed in this manner. 

For distributed transmission, the intention is to maximize diversity to provide diversity 
gain in situations in which it is not possible or desirable to exploit the instantaneous channel 
conditions. Consequently, an ECCE is mapped to EREGs in different physical resource-block 
pairs, where the physical resource-block pairs preferably are configured to be far apart in the 
frequency domain. To further increase the diversity order and exploit multiple transmission 


36In the specifications, this is described as selecting one out of four antenna ports for transmission of the 
EPDCCH, where each antenna port has an associated orthogonal reference signal. 
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antennas, the resource elements in each EREG are alternating between two antenna ports to 
provide spatial diversity. 

Quasi co-location configuration is supported for the EPDCCH. In transmission mode 
10, each EPDCCH set is associated with one of the four PDSCH to RE mapping and 
quasi-co-location states (see Section 9.3.1). This can be used to enable CoMP and dynamic 
point selection (see Chapter 15). Each EPDCCH set is associated with a certain transmission 
point, and dynamic point selection is achieved by selecting from which set to transmit a DCI 
message. Handling different sizes of the PDCCH control region and locations of cell- 
specific reference signals from the different transmission points is possible since these 
pieces of information are part of the four states. 

Triggering of retransmissions is done in the same manner as for the PDCCH case, that is, 
by using the PHICH, which in essence is a very compact uplink grant for retransmissions. In 
principle an EPHICH could be thought of, but since each EPHICH would need its own set of 
DM-RS, the resulting structure would not be as compact as the PHICH in which multiple 
terminals share the same set of cell-specific reference signals. Hence, either the PHICH is 
used or, if the dependency on cell-specific reference signals is not desirable, an EPDCCH can 
be used to schedule a retransmission. 


10.4.5 Blind decoding of PDCCHs and EPDCCHs 


As described above, each PDCCH or EPDCCH supports multiple DCI formats and the 
format used is a priori unknown to the terminal. Therefore, the terminal needs to blindly 
detect the format of the (E)JPDCCHs. The CCE and ECCE structures described in the 
previous section help in reducing the number of blind decoding attempts, but are not suf- 
ficient. Hence, it is required to have mechanisms to limit the number of CCE/ECCE 
aggregations that the terminal is supposed to monitor. Clearly, from a scheduling point of 
view, restrictions in the allowed aggregations are undesirable as they may influence the 
scheduling flexibility and require additional processing at the transmitter side. At the same 
time, requiring the terminal to monitor all possible CCE/ECCE aggregations, also for the 
larger cell bandwidths and EPDCCH set sizes, is not attractive from a terminal-complexity 
point of view. To impose as few restrictions as possible on the scheduler while at the same 
time limit the maximum number of blind decoding attempts in the terminal, LTE defines so- 
called search spaces. A search space is a set of candidate control channels formed by CCEs 
(or ECCEs) at a given aggregation level, which the terminal is supposed to attempt to decode. 
As there are multiple aggregation levels, a terminal has multiple search spaces. The search 
space concept is applied to both PDCCH and EPDCCH decoding, although there are dif- 
ferences between the two. In the following section, search spaces are described, starting with 
the case of PDCCHs on a single component carrier and later extended to EPDCCHs as well as 
multiple component carriers. 

The PDCCH supports four different aggregation levels corresponding to one, two, four, 
and eight CCEs respectively. In each subframe, the terminals will attempt to decode all the 
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Principal illustration of PDCCH search spaces in two terminals 


PDCCHs that can be formed from the CCEs in each of its search spaces. If the CRC checks, 
the content of the control channel is declared as valid for this terminal and the terminal 
processes the information (scheduling assignment, scheduling grants, etc.). The network can 
only address a terminal if the control information is transmitted on a PDCCH formed by the 
CCEs in one of the terminal’s search spaces. For example, terminal A in Figure 10.33 cannot 
be addressed on a PDCCH starting at CCE number 20, whereas terminal B can. Furthermore, 
if terminal A is using CCEs 16—23, terminal B cannot be addressed on aggregation level 4 as 
all CCEs in its level-4 search space are blocked by the use for the other terminals. From this it 
can be intuitively understood that for efficient utilization of the CCEs in the system, the 
search spaces should differ between terminals. Each terminal in the system therefore has a 
terminal-specific search space at each aggregation level. 

As the terminal-specific search space is typically smaller than the number of PDCCHs the 
network could transmit at the corresponding aggregation level, there must be a mechanism 
determining the set of CCEs in the terminal-specific search space for each aggregation level. 
One possibility would be to let the network configure the terminal-specific search space in 
each terminal. However, this would require explicit signaling to each of the terminals and 
possibly reconfiguration at handover. Instead, the terminal-specific search spaces for PDCCH 
are defined without explicit signaling through a function of the terminal identity and the 
subframe number. Dependence on the subframe number results in the terminal-specific search 
spaces being time varying, which helps resolve blocking between terminals. If a given ter- 
minal cannot be scheduled in a subframe as all the CCEs that the terminal is monitoring have 
already been used for scheduling other terminals in the same subframe, the time-varying 
definition of the terminal-specific search spaces is likely to resolve the blocking in the next 
subframe. 

In several situations, there is a need to address a group of, or all, terminals in the system. 
One example is dynamic scheduling of system information; another is transmission of paging 
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messages, both described in Chapter 14. Transmission of explicit power-control commands to 
a group of terminals is a third example. To allow multiple terminals to be addressed at the 
same time, LTE has defined common search spaces for the PDCCH in addition to the 
terminal-specific search spaces. A common search space is, as the name implies, common, 
and all terminals in the cell monitor the CCEs in the common search spaces for PDCCH 
control information. Although the motivation for the common search space is primarily 
transmission of various system messages, it can be used to schedule individual terminals as 
well. Thus, it can be used to resolve situations where scheduling of one terminal is blocked 
due to lack of available resources in the terminal-specific search space. Unlike unicast 
transmissions, where the transmission parameters of the control signaling can be tuned to 
match the channel conditions of a specific terminal, system messages typically need to reach 
the cell border. Consequently, the common search spaces are only defined for aggregation 
levels of four and eight CCEs and only for the smallest DCI formats, 0/1A/3/3A and 1C. 
There is no support for DCI formats with spatial multiplexing in the common search space. 
This helps to reduce the number of blind decoding attempts in the terminal used for moni- 
toring the common search space. 

Figure 10.33 illustrates the terminal-specific and common search spaces for PDCCH in 
two terminals in a certain subframe. The terminal-specific search spaces are different in the 
two terminals and will, as described above, vary from subframe to subframe. Furthermore, the 
terminal-specific search spaces partially overlap between the two terminals in this subframe 
(CCEs 24—31 on aggregation level 8) but, as the terminal-specific search space varies between 
subframes, the overlap in the next subframe is most likely different. There are 16 PDCCH 
candidates in the terminal-specific search spaces, mainly allocated to the smaller aggregation 
levels, and six PDCCH candidates in the common search spaces. 

EPDCCH blind decoding in general follows the same principles as the PDCCH—that is, the 
terminal will attempt to decode all the EPDCCHs that can be formed from the ECCEs in each of 
its search spaces. However, only the terminal-specific search spaces are supported for EPDCCH. 
Thus, if a terminal has been configured to use the EPDCCH, it monitors the EPDCCH terminal- 
specific search spaces instead of the PDCCH terminal-specific search spaces. The common 
search spaces for PDCCH are monitored irrespective of whether an EPDCCH has been 
configured or not. The reason for not defining common search spaces for EPDCCH is that 
system information needs to be provided to all terminals, including those not supporting 
EPDCCH, and hence the PDCCH needs to be used. The lack of a common search space for the 
EPDCCH is also the reason why DCI formats 3/3A and 1C are not supported on the EPDCCH. 

The terminal-specific EPDCCH search spaces for an EPDCCH set are randomly varying 
within the set of physical resource-block pairs configured for EPDCCH monitoring in a 
terminal using similar principles as the PDCCH. The two EPDCCH sets have independent 
pseudo-random sequences, initialized through RRC signaling. Having multiple EPDCCH 
sets is beneficial as it reduces the blocking probability. Compare with the PDCCH, where 
one PDCCH on aggregation level eight may block all the PDCCH candidates on aggre- 
gation level one. 
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For a localized EPDCCH set, the EPDCCH candidates are spread over as many physical 
resource-block pairs as possible. The intention behind this is to allow the terminal to be 
addressed over a wide frequency range in order not to limit the benefits of channel-dependent 
scheduling of EPDCCH. 

The number of blind decoding attempts is the same irrespective of whether the terminal is 
monitoring the EPDCCH or PDCCH search spaces. Thus, there are 16 EPDCCH candidates*” 
to attempt to decode, and for each candidate two different DCI formats need to be considered. 
The 16 EPDCCH candidates are distributed across the two EPDDCH sets, roughly following 
the principles that the number of candidates is proportional to the number of physical 
resource-block pairs. Furthermore, for a localized set, more candidates are allocated to lower 
aggregation levels suitable for good channel conditions, motivated by the assumption that 
channel-dependent scheduling is used for localized transmission. For distributed trans- 
mission, the opposite holds, that is, more candidates are allocated to the higher aggregation 
levels than the lower ones to provide robustness as channel-dependent scheduling is typically 
not used for distributed transmission. 

As mentioned above, the terminal is monitoring either the terminal-specific PDCCH 
search spaces or the terminal-specific EPDCCH search spaces. The basic principle is that the 
terminal is monitoring EPDCCHs in all subframes whenever EPDCCH support is enabled, 
except for the special subframe in configurations where there are no DM-RS supported and 
hence no possibility to receive the EPDCCH. However, to provide additional control of when 
the EPDCCH is monitored, it is possible to provide a bitmap to the terminal, indicating in 
which subframes it should monitor EPDCCHs and in which subframes it should monitor 
PDCCHs. One possible use case for this is PDSCH transmission in MBSEN subframes. In 
MBSEN subframes where the PMCH is transmitted, it is not possible to transmit the 
EPDCCH and the terminal needs to be addressed using the PDCCH, while in MBSFN 
subframes not used for PMCH transmission, the EPDCCH can be used. 

Previously, the search spaces for PDCCH and EPDCCH in terms of control channel 
candidates were described. However, to determine whether a control channel candidate 
contains relevant downlink control information or not, the contents have to be decoded. If the 
CRC, which includes the terminal identity, checks, then the content of the control channel is 
declared as valid for this terminal, and the terminal processes the information (scheduling 
assignment, scheduling grants, etc.). Thus, for each control-channel candidate, the terminal 
needs to attempt to decode the contents once for each supported DCI format. The downlink 
DCI formats to decode in the terminal-specific search spaces depend on the transmission 
mode configured for the terminal. Transmission modes are described in Section 10.3.1 and, in 
principle, correspond to different multi-antenna configurations. As an example, there is no 
need to attempt to decode DCI format 2 when the terminal has not been configured for spatial 
multiplexing, which helps to reduce the number of blind decoding attempts. The DCI formats 


37For a small number of physical resource-block pairs configured for EPDCCH there may be less than 16 
EPDCCH candidates. 
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Table 10.5 Downlink DCI Formats Monitored in Different Search Spaces for C-RNTI 
Search Space 
Common Terminal-Specific 

Mode (PDCCH) (PDCCH or EPDCCH) Description Release 

1 1A 1A 1 Single antenna Rel-8 
transmission 

2 1A 1A 1 Transmit diversity 

3 1A 1A 2A Open-loop spatial 
multiplexing 

4 1A 1A 2 Closed-loop spatial 
multiplexing 

5 1A 1A 1D Multi-user MIMO 

6 1A 1A 1B Single layer codebook- 
based precoding 

7 1A 1A 1 Single-layer transmission 
using DM-RS 

8 1A 1A 2B Dual-layer transmission Rel-9 
using DM-RS 

9 1A 1A 2C Multi-layer transmission Rel-10 
using DM-RS 

10 1A 1A 2D Multi-layer transmission Rel-114 
using DM-RS 


a terminal addressed using the C-RNTI should monitor as a function of the transmission 
mode, as listed in Table 10.5. Note that DCI format 1C is monitored in the common search 
spaces as well, although not with the C-RNTI identity. As seen from the table, there are two 
DCI formats to monitor in the terminal-specific search spaces and one in the common search 
spaces. In addition, a terminal also needs to monitor DCI format 1C in the common search 
space. Hence, with 16 PDCCH/EPDCCH candidates in the terminal-specific search spaces 
and six in the common search spaces, a terminal needs to execute 2:16 + 2-6 = 44 blind- 
decoding attempts in each subframe. With uplink spatial multiplexing, introduced in 
release 10, an additional uplink DCI format needs to be monitored in the terminal-specific 
search spaces, increasing the number of blind decoding attempts to 3-16+2-6 = 60. 
These numbers are for a single component carrier; in case of carrier aggregation, the number 
of blind decodes is increased further, as discussed in Section 10.4.8. Finally, note that a 
certain terminal in some circumstances may be addressed with different RNTIs. For example, 
DCI format 1A in the common search spaces may be used either with the C-RNTI for normal 
scheduling purposes or with the SI-RNTI for scheduling of system information. This does not 
affect the number of blind decoding attempts, as they are related to the DCI format; checking 
two different RNTIs, that is, checking two different CRCs, after decoding is a very low- 
complexity operation. 
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Configuration of the transmission mode is done via RRC signaling. As the exact subframe 
number when this configuration takes effect in the terminal is not specified and may vary 
depending on, for example, RLC retransmissions, there is a (short) period when the network 
and the terminal may have different understandings of which transmission mode is config- 
ured. Therefore, in order not to lose the possibility of communicating with the terminal, it is 
necessary to have at least one DCI format that is decoded irrespective of the transmission 
mode. For downlink transmissions, DCI format 1A serves this purpose and the network can 
therefore always transmit data to the terminal using this DCI format. Another function of 
format 1A is to reduce overhead for transmissions when full flexibility in resource-block 
assignment is not needed. 


10.4.6 Downlink scheduling assignments 


Having described the transmission of downlink control information on PDCCH and 
EPDCCH, the detailed contents of the control information can be discussed, starting with the 
downlink scheduling assignments. Downlink scheduling assignments are valid for the same 
subframe in which they are transmitted. The scheduling assignments use one of the DCI 
formats 1, 1A, 1B, 1C, 1D, 2, 2A, 2B, 2C, or 2D and the DCI formats used depend on the 
transmission mode configured (see Table 10.5 for the relation between DCI formats and 
transmission modes). The reason for supporting multiple formats with different message sizes 
for the same purpose is to allow for a trade-off in control-signaling overhead and scheduling 
flexibility. Parts of the contents are the same for the different DCI formats, as seen in 
Table 10.6, but there are also differences due to the different capabilities. 

DCI format 1 is the basic downlink assignment format in the absence of spatial multi- 
plexing (transmission modes 1, 2, and 7). It supports non-contiguous allocations of resource 
blocks and the full range of modulation-and-coding schemes. 

DCI format 1A, also known as the “compact” downlink assignment, supports allocation of 
frequency-contiguous resource blocks only and can be used in all transmission modes. 
Contiguous allocations reduce the payload size of the control information with a somewhat 
reduced flexibility in resource allocations. The full range of modulation-and-coding schemes 
is supported. Format 1A can also be used to trigger a contention-free random access (see 
Chapter 14), in which case some bit fields are used to convey the necessary random-access 
preamble information and the remaining bit fields are set to a specific combination. 

DCI format 1B is used to support codebook-based beam-forming described in Section 
10.3.2, with a low control-signaling overhead (transmission mode 6). The content is similar to 
DCI format 1A with the addition of bits for signaling of the precoding matrix. As codebook- 
based beam-forming can be used to improve the data rates for cell-edge terminals, it is 
important to keep the related DCI message size small so as not to unnecessarily limit the 
coverage. 

DCI format 1C is used for various special purposes such as random-access response, 
paging, transmission of system information, and MBMS-related signaling (see Chapter 17). 
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Table 10.6 DCI Formats Used for Downlink Scheduling 
DCI Format 

Field 1 1A 1B 1C# 1D 2 2A 2B 2C 2D 
Resource Carrier indicator . ° . ° ° ° . . ° 
information Resource block 0/1 2 2 2 2 O14 O01. O14 Of OM 

assignment type 
HARQ process number . ° . ° ° ° ° ° ° 
1®' transport MCS . ° . . . . . . . . 
block RV e . . . . e . ° * 

NDI e * ° ° ° . . ° . 
2" transport MCS . . . . . 
block RV . ‘ 7 : < 

NDI . . . e 7 
Multi- PMI confirmation ° 
antenna Precoding ° e ° ° 
information information 

Transport block . ° 

swap flag 

Power offset ° 

DM-RS Py 

scrambling 

#Layers/DM-RS . . 

scrambling/ 

antenna ports 
PDSCH mapping and quasi-co- ° 
location indicator 
Downlink assignment index ° . ° ° ° ° ° e ° 
PUCCH power control ° ° ° . . . ° e e 
SRS request* F T T T 
ACK/NAK offset (EPDCCH only) ° . ° . ° . . ° 
Flag for 0/1A differentiation ° 
Padding (only if needed) -) ) &) ( © © © © & 
Identity ° e ° ° ° e e ° ° 
®Format 1A for FDD and formats 2B, 2C, and 2D for TDD. 


Common for these applications is simultaneous reception of a relatively small amount of 
information by multiple users. Hence, DCI format 1C supports QPSK only, has no support for 
hybrid-ARQ retransmissions, and does not support closed-loop spatial multiplexing. 
Consequently, the message size for DCI format 1C is very small, which is beneficial for 
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coverage and efficient transmission of the type of system messages for which it is intended. 
Furthermore, as only a small number of resource blocks can be indicated, the size of the 
corresponding indication field in DCI format 1C is independent of the cell bandwidth. 

DCI format 1D is used to support multi-user MIMO (transmission mode 5) scheduling 
of one codeword with precoder information. To support dynamic sharing of the trans- 
mission power between the terminals sharing the same resource block in multi-user 
MIMO, one bit of power offset information is included in DCI format 1D, as described 
in Section 10.3.4.2. 

DCI format 2 is an extension for DCI format 1 to support closed-loop spatial multiplexing 
(transmission mode 4). Thus, information about the number of transmission layers and the 
index of the precoder matrix used are jointly encoded in the precoding information field. 
Some of the fields in DCI format 1 have been duplicated to handle the two transport blocks 
transmitted in parallel in the case of spatial multiplexing. 

DCI format 2A is similar to DCI format 2 except that it supports open-loop spatial 
multiplexing (transmission mode 3) instead of closed-loop spatial multiplexing. The precoder 
information field is used to signal the number of transmission layers only, hence the field has a 
smaller size than in DCI format 2. Furthermore, since DCI format 2A is used for scheduling 
of multi-layer transmissions only, the precoder information field is only necessary in the case 
of four transmit antenna ports; for two transmit antennas the number of layers is implicitly 
given by the number of transport blocks. 

DCI format 2B was introduced in release 9 in order to support dual-layer spatial multi- 
plexing in combination with beam-forming using DM-RS (transmission mode 8). Since 
scheduling with DCI format 2B relies on DM-RS, precoding/beam-forming is transparent to 
the terminal and there is no need to signal a precoder index. The number of layers can be 
controlled by disabling one of the transport blocks. Two different scrambling sequences for 
the DM-RS can be used, as described in Section 10.2.2. 

DCI format 2C was introduced in release 10 and is used to support spatial multiplexing 
using DM-RS (transmission mode 9). To some extent, it can be seen as a generalization of 
format 2B to support spatial multiplexing of up to eight layers. DM-RS scrambling and the 
number of layers are jointly signaled by a single three-bit field. 

DCI format 2D was introduced in release 11 and is used to support spatial multiplexing 
using DM-RS (transmission mode 10). In essence, it is an extension of format 2C to support 
signaling of quasi-co-location of antenna ports. 

Many information fields in the different DCI formats are, as already mentioned, common 
among several of the formats, while some types of information exist only in certain formats. 
Furthermore, in later releases, some of the DCI formats are extended with additional bits. One 
example is the addition of the carrier indicator in many DCI formats in release 10, as well as 
the inclusion of the SRS request in DCI formats 0 and 1A in release 10. Such extensions, for 
which different releases have different payload sizes for the same DCI format, are possible as 
long the extensions are used in the terminal-specific search spaces only where a single ter- 
minal is addressed by the DCI format in question. For DCI formats used to address multiple 
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terminals at the same time, for example, to broadcast system information, payload extensions 
are clearly not possible as terminals from previous releases are not capable of decoding these 
extended formats. Consequently, the extensions are allowed in the terminal-specific search 
spaces only. 

The information in the DCI formats used for downlink scheduling can be organized into 
different groups, as shown in Table 10.6, with the fields present varying between the DCI 
formats. The contents of the different DCI formats are explained in more detail below: 


¢ Resource information, consisting of: 

e Carrier indicator (0 or 3 bit). This field is present in releases 10 and beyond only if 
cross-catrier scheduling is enabled via RRC signaling and is used to indicate the 
component carrier the downlink control information relates to (see Section 10.4.8). 
The carrier indicator is not present in the common search space as this would either 
impact compatibility with terminals not capable of carrier aggregation or require 
additional blind decoding attempts. 

e Resource-block allocation. This field indicates the resource blocks on one component 
carrier upon which the terminal should receive the PDSCH. The size of the field 
depends on the cell bandwidth and on the DCI format, more specifically on the 
resource indication type, as discussed in Section 10.4.6.1. Resource allocation types 
0 and 1, which are the same size, support non-contiguous resource-block allocations, 
while resource allocation type 2 has a smaller size but supports contiguous allocations 
only. DCI format 1C uses a restricted version of type 2 in order to further reduce 
control signaling overhead. 

e Hybrid-ARQ process number (3 bit for FDD, 4 bit for TDD), informing the terminal 
about the hybrid-ARQ process to use for soft combining. Not present in DCI format 
1C as this DCI format is intended for scheduling of system information which does 
not use hybrid-ARQ retransmissions. 

* For the first (or only) transport block:*® 

e Modulation-and-coding scheme (5 bit), used to provide the terminal with 
information about the modulation scheme, the code rate, and the transport-block 
size, as described further below. DCI format 1C has a restricted size of this field as 
only QPSK is supported. 

e New-data indicator (1 bit), used to clear the soft buffer for initial transmissions. Not 
present in DCI format 1C as this format does not support hybrid ARQ. 

e Redundancy version (2 bit). 

e For the second transport block (only present in DCI formats supporting spatial 
multiplexing): 

e Modulation-and-coding scheme (5 bit). 


38 transport block can be disabled by setting the modulation-and-coding scheme to zero and the redundancy 
version to one in the DCI. 


aa 
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e New-data indicator (1 bit). 

e Redundancy version (2 bit). 

Multi-antenna information. The different DCI formats are intended for different multi- 

antenna schemes and which of the fields below that are included depends on the DCI 

format shown in Table 10.5. 

e PMI confirmation (1 bit), present in format 1B only. Indicates whether the 
eNodeB uses the (frequency-selective) precoding matrix recommendation from 
the terminal or if the recommendation is overridden by the information in the 
PMI field. 

e Precoder-matrix information (PMI), provides information about the index of the 
precoding matrix used for the downlink transmission and, indirectly, about the 
number of transmission layers. This information is present in the DCI formats used 
for CRS-based transmission only; for DM-RS-based transmissions the precoder used 
is transparent for the terminal, and consequently there is no need to signal this 
information in this case. 

e Transport block swap flag (1 bit), indicating whether the two codewords should be 
swapped prior to being fed to the hybrid-ARQ processes. Used for averaging the 
channel quality between the codewords. 

e Power offset between the PDSCH and cell-specific reference signals used to 
support dynamic power sharing between multiple terminals for multi-user 
MIMO. 

e Reference-signal scrambling sequence, used to control the generation of quasi- 
orthogonal DM-RS sequences, as discussed in Section 10.2.2. 

e Number of layers, reference-signal scrambling sequence, and the set of antenna ports 
used for the transmission (jointly encoded information in releases 10 and later). 
PDSCH resource-element mapping and quasi-co-location indicator (2 bit), informing the 
terminal which set of parameters to assume when demodulating the PDSCH. Up to four 

different sets of parameters can be configured by RRC to support different CoMP 

schemes, as discussed in Chapter 15. 

Downlink assignment index (2 bit), informing the terminal about the number of downlink 

transmissions for which a single hybrid-ARQ acknowledgement should be generated 

according to Section 12.1.3. Present for TDD only. 

Transmit-power control for PUCCH (2 bit). For scheduling of a secondary component 

carrier in the case of carrier aggregation, these bits are reused as acknowledgement 

resource indicator (ARI)—see Chapter 11. 

SRS request (1 bit). This field is used to trigger a one-shot transmission of a sounding 

reference signal in the uplink, a feature introduced in release 10 and an example of 

extending an existing DCI format in the terminal-specific search space with additional 
information fields in a later release. For FDD it is present in format 1A only, while for 

TDD it is present in formats 2B, 2C, and 2D only. For TDD, where short-term channel 

reciprocity can be used, it is motivated to include in this field the DCI formats used to 
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support DM-RS-based multi-layer transmission in order to estimate the downlink 
channel conditions based on uplink channel sounding. For FDD, on the other hand, 
this would not be useful, and the SRS request field is consequently not included. 
However, for DCI format 1A, including a SRS request bit comes “for free,” as 
padding otherwise would have to be used to ensure the same payload size as for DCI 
format 0. 

e ACK/NAK offset (2 bit). This field is present on EPDCCH only and thus is supported in 
release 11 only. It is used to dynamically control the PUCCH resource used for the 
hybrid-ARQ acknowledgement as discussed in Section 11.4.1. 

¢ DCI format 0/1A indication (1 bit), used to differentiate between DCI formats 1A and 
0 as the two formats have the same message size. This field is present in DCI formats 
0 and 1A only. DCI formats 3 and 3A, which have the same size, are separated from DCI 
formats 0 and 1A through the use of a different RNTI. 

e Padding. The smaller of DCI formats 0 and 1A is padded to ensure the same payload 
size irrespective of the uplink and downlink cell bandwidths. Padding is also used to 
ensure that the DCI size is different for different DCI formats that may occur 
simultaneously in the same search space (this is rarely required in practice as the 
payload sizes are different due to the different amounts of information). Finally, for 
PDCCH, padding is used to avoid certain DCI sizes that may cause ambiguous 
decoding.*? 

e Identity (RNTI) of the terminal for which the PDSCH transmission is intended (16 bit). 
As described in Sections 10.4.3 and 10.4.4, the identity is not explicitly transmitted but 
implicitly included in the CRC calculation. There are different RNTIs defined depending 
on the type of transmission (unicast data transmission, paging, power-control commands, 
etc.). 


10.4.6.1 Signaling of downlink resource-block allocations 

Focusing on the signaling of resource-block allocations, there are three different possibilities, 
types 0, 1, and 2, as indicated in Table 10.6. Resource-block allocation types 0 and 1 both 
support non-contiguous allocations of resource blocks in the frequency domain, whereas type 
2 supports contiguous allocations only. A natural question is why multiple ways of signaling 
the resource-block allocations are supported, a question whose answer lies in the number of 
bits required for the signaling. The most flexible way of indicating the set of resource blocks 
the terminal is supposed to receive the downlink transmission upon is to include a bitmap with 
size equal to the number of resource blocks in the cell bandwidth. This would allow for an 
arbitrary combination of resource blocks to be scheduled for transmission to the terminal but 


>°For a small set of specific payload sizes, the control signaling on PDCCH may be correctly decoded at an 
aggregation level other than the one used by the transmitter. Since the PHICH resource is derived from the first 
CCE used for the PDCCH, this may result in incorrect PHICH being monitored by the terminal. To overcome 
this, padding is used if necessary to avoid the problematic payload sizes. Note that this padding applies for 
PDCCH only. 
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would, unfortunately, also result in a very large bitmap for the larger cell bandwidths. For 
example, in the case of a downlink cell bandwidth corresponding to 100 resource blocks, the 
downlink PDCCH would require 100 bits for the bitmap alone, to which the other pieces of 
information need to be added. Not only would this result in a large control-signaling over- 
head, but it could also result in downlink coverage problems as more than 100 bits in one 
OFDM symbol correspond to a data rate exceeding 1.4 Mbit/s. Consequently, there is a need 
for a resource allocation scheme requiring a smaller number of bits while keeping sufficient 
allocation flexibility. 

In resource allocation type 0, the size of the bitmap has been reduced by pointing not to 
individual resource blocks in the frequency domain, but to groups of contiguous resource 
blocks, as shown at the top of Figure 10.34. The size of such a group is determined by the 
downlink cell bandwidth. For the smallest bandwidths there is only a single resource block in 
a group, implying that an arbitrary set of resource blocks can be scheduled, whereas for the 
largest cell bandwidths, groups of four resource blocks are used (in the example in 
Figure 10.34, the cell bandwidth is 25 resource blocks, implying a group size of two resource 
blocks). Thus, the bitmap for the system with a downlink cell bandwidth of 100 resource 
blocks is reduced from 100 to 25 bits. A drawback is that the scheduling granularity is 
reduced; single resource blocks cannot be scheduled for the largest cell bandwidths using 
allocation type 0. 

However, also in large cell bandwidths, frequency resolution of a single resource block is 
sometimes useful, for example to support small payloads. Resource allocation type 1 addresses 
this by dividing the total number of resource blocks in the frequency domain into dispersed 
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Illustration of resource-block allocation types (cell bandwidth corresponding to 25 resource blocks 
used in this example) 
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subsets, as shown in the middle of Figure 10.34. The number of subsets is given from the cell 
bandwidth with the number of subsets in type 1 being equal to the group size in type 0. Thus, 
in Figure 10.34, there are two subsets, whereas for a cell bandwidth of 100 resource blocks 
there would have been four different subsets. Within a subset, a bitmap indicates the resource 
blocks in the frequency domain upon which the downlink transmission occurs. 

To inform the terminal whether resource allocation type 0 or 1 is used, the resource 
allocation field includes a flag for this purpose, denoted “type” to the left in Figure 10.34. For 
type 0, the only additional information is the bitmap discussed previously. For type 1, on the 
other hand, in addition to the bitmap itself, information about the subset for which the bitmap 
relates is also required. As one of the requirements in the design of resource allocation type 1 
was to maintain the same number of bits in the allocation as for type 0 without adding un- 
necessary overhead,*° the bitmap in resource allocation type 1 is smaller than in type 0 to 
allow for the signaling of the subset number. However, a consequence of a smaller bitmap is 
that not all resource blocks in the subset can be addressed simultaneously. To be able to 
address all resources with the bitmap, there is a flag indicating whether the bitmap relates to 
the “left” or “right” part of the resource blocks, as depicted in the middle part of Figure 10.34. 

Unlike the other two types of resource-block allocation signaling, type 2 does not rely on a 
bitmap. Instead, it encodes the resource allocation as a start position and length of the resource- 
block allocation. Thus, it does not support arbitrary allocations of resource blocks but only 
frequency-contiguous allocations, thereby reducing the number of bits required for signaling the 
resource-block allocation. The number of bits required for resource-signaling type 2 compared to 
type 0 or | is shown in Figure 10.35; the difference is fairly large for the larger cell bandwidths. 

All three resource-allocation types refer to virtual resource blocks (see Section 10.1.1.8 
for a discussion of resource-block types). For resource-allocation types 0 and 1, the virtual 
resource blocks are of localized type and the virtual resource blocks are directly mapped to 
physical resource blocks. For resource-allocation type 2, on the other hand, both localized and 
distributed virtual resource blocks are supported. One bit in the resource allocation field 
indicates whether the allocation signaling refers to localized or distributed resource blocks. 


10.4.6.2 Signaling of transport-block sizes 

Proper reception of a downlink transmission requires, in addition to the set of resource blocks, 
knowledge about the modulation scheme and the transport-block size, information (indi- 
rectly) provided by a 5-bit field in the different DCI formats. Of the 32 combinations, 29 are 
used to signal the modulation-and-coding scheme whereas three are reserved, the purpose of 
which is described later. Together, the modulation-and-coding scheme and the number of 
resource blocks assigned provide the transport-block size on the DL-SCH. Thus, the possible 
transport-block sizes can be described as a table with 29 rows and 110 columns, one column 


4° llowing different sizes would result in an increase in the number of blind decoding attempts required in the 
terminal. 
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FIGURE 10.35 


Number of bits used for downlink resource-allocation signaling for downlink allocation types 0/1 and 2 


for each number of resource blocks possible to transmit upon (the number of columns follows 
from the maximum downlink component carrier bandwidth of 110 resource blocks). 

Each modulation-and-coding scheme represents a particular combination of modulation 
scheme and channel-coding rate or, equivalently, a certain spectral efficiency measured in the 
number of information bits per modulation symbol. Although the 29-by-110 table of 
transport-block sizes in principle could be filled directly from the modulation-and-coding 
scheme and the number of resource blocks, this would result in arbitrary transport-block 
sizes, which is not desirable. First, as all the higher-layer protocol layers are byte aligned, 
the resulting transport-block sizes should be an integer number of bytes. Secondly, common 
payloads, for example RRC signaling messages and VoIP, should be possible to transmit 
without padding. Aligning with the QPP interleaver sizes is also beneficial, as this would 
avoid the use of filler bits (see Section 10.1.1.3). Finally, the same transport-block size should 
ideally appear for several different resource-block allocations, as this allows the number of 
resource blocks to be changed between retransmission attempts, providing increased 
scheduling flexibility. Therefore, a “mother table” of transport-block sizes is first defined, 
fulfilling the requirements above. Each entry in the 29-by-110 table is picked from the mother 
table such that the resulting spectral efficiency is as close as possible to the spectral efficiency 
of the signaled modulation-and-coding scheme. The mother table spans the full range of 
transport-block sizes possible, with an approximately constant worst-case padding. 
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From a simplicity perspective, it is desirable if the transport-block sizes do not vary with 
the configuration of the system. The set of transport-block sizes is therefore independent of 
the actual number of antenna ports and the size of the control region.*! The design of the table 
assumes a control region of three OFDM symbols and two antenna ports, the “reference 
configuration.” If the actual configuration is different, the resulting code rate for the DL-SCH 
will be slightly different as a result of the rate-matching procedure. However, the difference is 
small and of no practical concern. Also, if the actual size of the control region is smaller than 
the three-symbol assumption in the reference configuration, the spectral efficiencies will be 
somewhat smaller than the range indicated by the modulation-and-coding scheme signaled as 
part of the DCI. Thus, information about the modulation scheme used is obtained directly 
from the modulation-and-coding scheme, whereas the exact code rate and rate matching is 
obtained from the implicitly signaled transport-block size together with the number of 
resource elements used for DL-SCH transmission. 

For bandwidths smaller than the maximum of 110 resource blocks, a subset of the table is 
used. More specifically, in case of a cell bandwidth of N resource blocks, the first VN columns 
of the table are used. Also, in the case of spatial multiplexing, a single transport block can be 
mapped to up to four layers. To support the higher data rates this facilitates, the set of sup- 
ported transport-block sizes needs to be extended beyond what is possible in the absence of 
spatial multiplexing. The additional entries are in principle obtained by multiplying the sizes 
with the number of layers to which a transport block is mapped and adjusting the result to 
match the QPP interleaver size. 

The 29 combinations of modulation-and-coding schemes each represent a reference 
spectral efficiency in the approximate range of 0.1—5.9 bits/s/symbol.*” There is some overlap 
in the combinations in the sense that some of the 29 combinations represent the same spectral 
efficiency. The reason is that the best combination for realizing a specific spectral efficiency 
depends on the channel properties; sometimes higher-order modulation with a low code rate 
is preferable over lower-order modulation with a higher code rate, and sometimes the 
opposite is true. With the overlap, the eNodeB can select the best combination, given the 
propagation scenario. As a consequence of the overlap, two of the rows in the 29-by-110 table 
are duplicates and result in the same spectral efficiency but with different modulation 
schemes, and there are only 27 unique rows of transport-block sizes. 

Returning to the three reserved combinations in the modulation-and-coding field 
mentioned at the beginning of this section, those entries can be used for retransmissions only. 
In the case of a retransmission, the transport-block size is, by definition, unchanged and 
fundamentally there is no need to signal this piece of information. Instead, the three reserved 
values represent the modulation scheme, QPSK, or 16QAM or 64QAM, which allows the 
scheduler to use an (almost) arbitrary combination of resource blocks for the retransmission. 


“'Ror DwPTS, the transport-block size is scaled by a factor of 0.75 compared to the values found in the table, 
motivated by the DwPTS having a shorter duration than a normal subframe. 
“The exact values vary slightly with the number of resource blocks allocated due to rounding. 
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Computing the transport-block size 


Using any of the three reserved combinations assumes that the terminal properly received the 
control signaling for the initial transmission; if this is not the case, the retransmission should 
explicitly indicate the transport-block size. 

The derivation of the transport-block size from the modulation-and-coding scheme and the 
number of scheduled resource blocks is illustrated in Figure 10.36. 


10.4.7 Uplink scheduling grants 

Uplink scheduling grants use one of DCI formats 0 or 4; DCI format 4 was added in release 10 
to support uplink spatial multiplexing. The basic resource-allocation scheme for the uplink is 
single-cluster allocations where the resource blocks are contiguous in the frequency domain, 
although release 10 added support for multi-cluster transmissions of up to two clusters on a 
single component carrier. 

DCI format 0 is used for scheduling uplink transmissions not using spatial multiplexing on 
one component carrier. It has the same size control-signaling message as the “compact” 
downlink assignment (DCI format 1A). A flag in the message is used to inform the terminal 
whether the message is an uplink scheduling grant (DCI format 0) or a downlink scheduling 
assignment (DCI format 1A). 
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Table 10.7 DCI Formats for Uplink Scheduling Grants 
DCI Format 
Field 0 4 
Resource information Carrier indicator ° . 
Resource allocation type ° ° 
Resource block O/(1) 0/1 
assignment 
1®' transport block MCS/RV ° ° 
NDI ° ° 
2" transport block MCS/RV . 
NDI . 
DM-RS phase rotation and ° ° 
OCC index 
Precoding information ° 
CSI request . . 
SRS request ° e 
Uplink index/DAI (TDD only) ° ° 
PUSCH power control ° . 
Flag for 0/1A differentiation ° 
Padding (only if needed) () (*) 
Identity ° ° 


DCI format 4 is used for uplink transmissions using spatial multiplexing on one 
component carrier. Consequently, the size of DCI format 4 is larger than that of DCI format 0, 
as additional information fields are required. 

Many information fields are common to the two DCI formats, but there are also 
differences, as shown in Table 10.7. Similarly to the downlink scheduling assignments, some 
DCI formats have been extended with additional bits in later releases. The contents of the 
different DCI formats are explained in more detail below: 


¢ Resource information, consisting of: 

e Carrier indicator (0 or 3 bit). This field is present in releases 10 and beyond only if 
cross-catrier scheduling is enabled via RRC signaling and is used to indicate the uplink 
component carrier the grant relates to (see Section 10.4.8). The carrier indicator is not 
present in the common search space as this would either impact compatibility with 
terminals not capable of carrier aggregation or require additional blind decoding 
attempts. 

e Resource allocation type or multi-cluster flag (1 bit), indicating whether resource 
allocation type 0 (one cluster of resource blocks is used for uplink transmissions) or 
type | (two clusters of resource blocks are used for the uplink transmission) is used. 
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This flag is not present in releases prior to release 10. In previous releases, the 
downlink bandwidth was, in practice, always at least as large as the uplink bandwidth, 
implying that one padding bit was used for DCI format 0 in those releases to align 
with the size of format 1A. The padding bit could therefore be replaced by the multi- 
cluster flag in release 10 without sacrificing backwards compatibility. In DCI format 
4, supported in releases 10 and later, the multi-cluster flag is always present. 

e Resource-block allocation, including hopping indication. This field indicates the 
resource blocks upon which the terminal should transmit the PUSCH using uplink 
resource-allocation type 0 (DCI format 0) or type 1 (DCI format 4), as described in 
Section 10.4.7.1. The size of the field depends on the cell bandwidth. For single- 
cluster allocations, uplink frequency hopping, as described in Chapter 11, can be 
applied to the uplink PUSCH transmission. 

¢ For the first (or only) transport block: 

e Modulation-and-coding scheme including redundancy version (5 bit), used to provide 
the terminal with information about the modulation scheme, the code rate, and the 
transport-block size. The signaling of the transport-block size uses the same 
transport-block table as for the downlink—that is, the modulation-and-coding scheme 
together with the number of scheduled resource blocks provides the transport-block 
size. However, as the support of 64QAM in the uplink is not mandatory for all 
terminals, terminals not capable of 64QAM use 16QAM when 64QAM is indicated in 
the modulation-and-coding field. The use of the three reserved combinations is 
slightly different than for the downlink; the three reserved values are used for implicit 
signaling of the redundancy version, as described below. A transport block can be 
disabled by signaling a specific combination of modulation-and-coding scheme and 
number of resource blocks. Disabling one transport block is used when retransmitting 
a single transport block only. 

e New-data indicator (1 bit), used to indicate to the terminal whether transmission of a 
new transport block or retransmission of the previous transport block is granted. 

¢ For the second transport block (DCI format 4 only): 
e Modulation-and-coding scheme including redundancy version (5 bit). 
e New-data indicator (1 bit). 

¢ Phase rotation of the uplink demodulation reference signal (3 bit), used to support multi- 
user MIMO, as described in Chapter 11. By assigning different reference-signal phase 
rotations to terminals scheduled on the same time—frequency resources, the eNodeB can 
estimate the uplink channel response from each terminal and suppress the inter-terminal 
interference by the appropriate processing. In releases 10 and later, it also controls the 

orthogonal cover sequence (see Section 11.2). 

¢ Precoding information, used to signal the precoder to use for the uplink transmission in 
releases 10 and later. 

¢ Channel-state request flag (1 or 2 bit). The network can explicitly request an aperiodic 
channel-state report to be transmitted on the UL-SCH by setting this bit(s) in the 
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uplink grant. In the case of carrier aggregation, two bits are used to indicate which 
downlink component carrier the CSI should be reported for (see Chapter 12). 

e SRS request (2 bit), used to trigger aperiodic sounding using one of up to three 
preconfigured settings, as discussed in Chapter 11. The SRS request, introduced in 
release 10, is supported in the terminal-specific search space only for reasons already 
described. 

e Uplink index/DAI (2 bit). This field is present only when operating in TDD. For 
uplink—downlink configuration 0 (uplink-heavy configuration), it is used as an uplink 
index to signal for which uplink subframe(s) the grant is valid, as described in Chapter 
13. For other uplink—downlink configurations, it is used as a downlink assignment index 
to indicate the number of downlink transmissions the eNodeB expects hybrid-ARQ 
acknowledgement for. 

e Transmit-power control for PUSCH (2 bit). 

¢ DCI format 0/1A indication (1 bit), used to differentiate between DCI formats 1A and 
0 as the two formats have the same message size. This field is present in DCI formats 
0 and 1A only. 

e Padding. The smaller of DCI formats 0 and 1A is padded to ensure the same payload size 
irrespective of the uplink and downlink cell bandwidths. Padding is also used to ensure 
that the DCI size is different for DCI formats 0 and 4 (this is rarely required in practice as 
the payload sizes are different due to the different amounts of information). Finally, for 
PDCCH, padding is used to avoid certain DCI sizes that may cause ambiguous decoding. 

e Identity (RNTID of the terminal for which the grant is intended (16 bit). As described in 
Sections 10.4.3 and 10.4.4, the identity is not explicitly transmitted but implicitly 
included in the CRC calculation. 


There is no explicit signaling of the redundancy version in the uplink scheduling grants. 
This is motivated by the use of a synchronous hybrid-ARQ protocol in the uplink; retrans- 
missions are normally triggered by a negative acknowledgement on the PHICH and not 
explicitly scheduled as for downlink data transmissions. However, as described in Chapter 12, 
there is a possibility to explicitly schedule retransmissions. This is useful in a situation where 
the network will explicitly move the retransmission in the frequency domain by using the 
PDCCH instead of the PHICH. Three values of the modulation-and-coding field are reserved 
to mean redundancy versions one, two, and three. If one of those values is signaled, the ter- 
minal should assume that the same modulation and coding as the original transmission is used. 
The remaining entries are used to signal the modulation-and-coding scheme to use and also 
imply that redundancy version zero should be used. The difference in usage of the reserved 
values compared to the downlink scheduling assignments implies that the modulation scheme, 
unlike the downlink case, cannot change between uplink (re)transmission attempts. 
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10.4.7.1 Signaling of uplink resource-block allocations 

The basic uplink resource-allocation scheme is single-cluster allocations—that is, allocations 
contiguous in the frequency domain—but releases 10 and later also provide the possibility for 
multi-cluster uplink transmissions. 

Single-cluster allocations use uplink resource-allocation type 0, which is identical to 
downlink resource allocation type 2 described in Section 10.4.6.1 except that the single-bit 
flag indicating localized/distributed transmission is replaced by a single-bit frequency hop- 
ping flag. The resource allocation field in the DCI provides the set of virtual resource blocks 
to use for uplink transmission. The set of physical resource blocks to use in the two slots of a 
subframe is controlled by the hopping flag, as described in Chapter 11. 

Multi-cluster allocations with up to two clusters were introduced in release 10, using 
uplink resource-allocation type 1. In resource-allocation type 1, the starting and ending 
positions of two clusters of frequency-contiguous resource blocks are encoded into an 
index. Uplink resource-allocation type 1 does not support frequency hopping (diversity is 
achieved through the use of two clusters instead). Indicating two clusters of resources 
naturally requires additional bits compared to the single-cluster case. At the same time, the 
total number of bits used for resource-allocation type 1 should be identical to that of type 
0. This is similar to the situation for the downlink allocation types 0 and 1; without 
aligning the sizes a new DCI format with a corresponding negative impact on the number 
of blind decodings is necessary. Since frequency hopping is not supported for allocation 
type 1, the bit otherwise used for the hopping flag can be reused for extending the 
resource-allocation field. However, despite the extension of the resource-allocation field 
by one bit, the number of bits is not sufficient to provide a single-resource-block resolution 
in the two clusters for all bandwidths. Instead, similar to downlink resource-allocation 
type 0, groups of resource blocks are used and the starting and ending positions of the two 
clusters are given in terms of group numbers. The size of such a group is determined by 
the uplink carrier bandwidth in a similar way as for the downlink. For the smallest 
bandwidths there is only a single resource block in a group, implying that an arbitrary (as 
long as the limit of at most two clusters is observed) set of resource blocks can be 
scheduled, whereas for the largest cell bandwidths groups of four resource blocks are used. 
In the example in Figure 10.37, the cell bandwidth is 25 resource blocks, implying a group 
size of two resource blocks. 


10.4.8 Carrier aggregation and cross-carrier scheduling 


Carrier aggregation, where a terminal receives or transmits on multiple component carriers, is 
an integral part of LTE from releases 10 onwards. For a terminal supporting multiple 
component carriers, the terminal needs to know to which component carrier a certain DCI 
relates. This information can either be implicit or explicit, depending on whether cross-carrier 
scheduling is used or not, as illustrated in Figure 10.38. Enabling cross-carrier scheduling is 
done individually via RRC signaling on a per-terminal and per-component-carrier basis. 
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Illustration of uplink resource-block allocation types (uplink bandwidth corresponding to 25 resource 
blocks used in this example) 
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Cross-carrier scheduling 


In the absence of cross-carrier scheduling, downlink scheduling assignments are valid for 
the component carrier upon which they are transmitted. Similarly, for uplink grants, there is 
an association between downlink and uplink component carriers such that each uplink 
component carrier has an associated downlink component carrier. The association is provided 
as part of the system information. Thus, from the uplink—downlink association, the terminal 
will know to which uplink component carrier the downlink control information relates to. 

In the presence of cross-carrier scheduling, where downlink PDSCH or uplink PUSCH is 
transmitted on an (associated) component carrier other than that which (E)PDCCH is 
transmitted upon, the carrier indicator in the PDCCH provides information about the 
component carrier used for the PDSCH or PUSCH. 

Whether cross-carrier scheduling is used or not is, as already mentioned, configured using 
higher-layer signaling; if cross-carrier scheduling is not configured then no carrier indication 
field is included in the DCI. Thus, most of the DCI formats come in two “flavors,” with and 
without the carrier indication field, and which “flavor” the terminal is supposed to monitor is 
determined by enabling/disabling support for cross-carrier scheduling. 

To signal which component carrier a grant relates to, the component carriers are 
numbered. The primary component carrier is always given the number zero, while the 
different secondary component carriers are assigned a unique number each through terminal- 
specific RRC signaling. Hence, even if the terminal and the eNodeB may have different 
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Example of scheduling of multiple component carriers (Search spaces are discussed in Section 
10.4.5) 


understandings of the component carrier numbering during a brief period of reconfiguration, 
at least transmissions on the primary component carrier can be scheduled. 

Irrespective of whether cross-carrier scheduling is used or not, PDSCH/PUSCH on a 
component carrier can only be scheduled from one component. Thus, for each PDSCH/ 
PUSCH component carrier there is an associated component carrier, configured via terminal- 
specific RRC signaling, where the corresponding DCI can be transmitted. Figure 10.39 
illustrates one example, where PDSCH/PUSCH transmissions on component carrier | are 
scheduled using PDCCHs/EPDCCHs transmitted on component carrier 1. In this case, as 
cross-catrier scheduling is not used, there is no carrier indicator in the corresponding DCI 
formats. PDSCH/PUSCH transmissions on component carrier 2 are cross-carrier scheduled 
from PDCCHs transmitted on component carrier 1. Hence, the DCI formats in the terminal- 
specific search space for component carrier 2 include the carrier indicator. 

Note also, as transmissions on a component carrier can be scheduled by PDCCHs/ 
EPDCCHs on one component carrier only, component carrier 4 cannot be scheduled by 
PDCCHs on component carrier 5 as the semi-static association between the component carriers 
used for PDCCH/EPDCCH transmission and the actual data transmission has associated data 
on component carrier 4, with PDCCHs/EPDCCHs on component carrier 3 in this example. 

With respect to blind decoding and search spaces, the procedures described in Section 
10.4.5 apply to each of the activated*? downlink component carriers. Hence, in principle, 
there is one terminal-specific search space per aggregation level and per (activated) 
component carrier upon which PDSCH can be received (or PUSCH transmitted), although 
there are some catrier-aggregation-specific modifications. For terminals configured to use 
carrier aggregation, this results in an increase in the number of blind decoding attempts 
compared to a terminal not using carrier aggregation, as scheduling assignments/grants for 
each of the component carriers need to be monitored. 


“Individual component carriers can be activated/deactivated as discussed in Chapter 12. 
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The common search space is only defined for transmissions on the primary component 
carrier. As the main function of the common search space is to handle scheduling of system 
information intended for multiple terminals, and such information must be receivable by all 
terminals in the cell, scheduling in this case uses the common search space. For this reason, the 
carrier indication field is never present in DCI formats monitored in the common search space. 

As mentioned before, there is one terminal-specific search space per aggregation level and 
component carrier“* used for scheduling the PDSCH/PUSCH. This is illustrated in 
Figure 10.39, where PDSCH/PUSCH transmissions on component carrier 1 are scheduled 
using PDCCHs transmitted on component carrier 1. No carrier indicator is assumed in the 
terminal-specific search space for component carrier 1, as cross-carrier scheduling is not 
used. For component carrier 2, on the other hand, a carrier indicator is assumed in the 
terminal-specific search space, as component carrier 2 is cross-carrier scheduled from 
PDCCHs transmitted on component carrier 1. 

Search spaces for different component carriers may overlap in some subframes. In 
Figure 10.39, this happens for the terminal-specific search spaces for component carriers 3 
and 4. The terminal will handle the two search spaces independently, assuming (in this 
example) a carrier indicator for component carrier 4, but not for component carrier 3. If the 
terminal-specific and common search spaces relating to different component carriers happen 
to overlap for some aggregation level when cross-carrier scheduling is configured, the ter- 
minal only needs to monitor the common search space. The reason for this is to avoid am- 
biguities; if the component carriers have different bandwidths, a DCI format in the common 
search space may have the same payload size as another DCI format in the terminal-specific 
search space relating to another component carrier. 


10.4.9 Power-control commands 


As a complement to the power-control commands provided as part of the downlink sched- 
uling assignments and the uplink scheduling grants, there is the potential to transmit a power- 
control command using DCI formats 3 (two-bit command per terminal) or 3A (single-bit 
command per terminal). The main motivation for DCI format 3/3A is to support power 
control for semi-persistent scheduling. The power-control message is directed to a group of 
terminals using an RNTI specific for that group. Each terminal can be allocated two power- 
control RNTIs, one for PUCCH power control and the other for PUSCH power control. 
Although the power-control RNTIs are common to a group of terminals, each terminal is 
informed through RRC signaling which bit(s) in the DCI message it should follow. No carrier 
indicator is used for formats 3 and 3A. 


“If the DCI formats for two different component carriers have the same size, then search spaces can be shared 
such that, in the example in Figure 10.38, component carrier 2 can be scheduled from search spaces 2 and 1. 
This comes ““for free’” as the DCI formats in search space 1 need to be monitored anyway and the carrier- 
indicator field points to the component carrier for which the grant/assignment is intended. 
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Uplink Physical-Layer Processing 


This chapter provides a description of the basic physical-layer functionality related to the 
LTE uplink. It essentially follows the same outline as the corresponding downlink description 
provided in the previous chapter, with detailed descriptions regarding transport-channel 
processing (Section 11.1), the reference-signal structure (Section 11.2), multi-antenna 
transmission (Section 11.3) and the uplink L1/L2 control-channel structure (Section 11.4). 
The chapter ends with an overview of uplink power control and the uplink timing-alignment 
procedure in Section 11.5 and Section 11.6 respectively. Physical aspects related to some 
specific uplink functions and procedures such as random access will be provided in later 
chapters. 


11.1 Transport-channel processing 


This section describes the physical-layer processing applied to the Uplink Shared Channel 
(UL-SCH) and the subsequent mapping to the uplink physical resource in the form of the 
basic OFDM time-frequency grid. As mentioned before, the UL-SCH is the only uplink 
transport-channel type in LTE! and is used for transmission of all uplink higher-layer 
information—that is, for both user data and higher-layer control signaling. 


11.1.1 Processing steps 


Figure 11.1 outlines the different steps of the UL-SCH physical-layer processing in case of 
transmission on a single carrier. Similar to the downlink, in the case of uplink carrier ag- 
gregation the different component carriers correspond to separate transport channels with 
separate physical-layer processing. 

The different steps of the uplink transport-channel processing are summarized below. 
Most of these steps are very similar to the corresponding steps for DL-SCH processing 
outlined in Section 10.1. For a more detailed overview of the different steps, the reader is 
referred to the corresponding downlink description. 


¢ CRC insertion per transport block. A 24-bit CRC is calculated for and appended to each 
transport block. 


‘Strictly speaking, the LTE Random-Access Channel is also defined as a transport-channel type (see Chapter 8). 
However, RACH only includes a layer-1 preamble and carries no data in the form of transport blocks. 
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FIGURE 11.1 
Physical-layer processing for the uplink shared channel (UL-SCH) 


¢ Code-block segmentation and per-code-block CRC insertion. In the same way as for the 
downlink, code-block segmentation, including per-code-block CRC insertion, is applied 
for transport blocks larger than 6144 bits. 

¢ Channel coding. Rate-1/3 Turbo coding with QPP-based inner interleaving is also used 
for the uplink shared channel. 

¢ Rate matching and physical-layer hybrid-ARQ functionality. The physical-layer part of 
the uplink rate-matching and hybrid-ARQ functionality is essentially the same as the 
corresponding downlink functionality, with sub-block interleaving and insertion into a 
circular buffer followed by bit selection with four redundancy versions. There are some 
important differences between the downlink and uplink hybrid-ARQ protocols, such as 
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asynchronous versus synchronous operation as described in Chapter 12. However, these 
differences are not visible in terms of the physical-layer processing. 

¢ Bit-level scrambling. The aim of uplink scrambling is the same as for the downlink—that 
is, to randomize the, in this case, uplink interference to ensure that the processing gain 
provided by the channel code can be fully utilized. 

¢ Data modulation. Similar to the downlink, QPSK, 16QAM, and 64QAM modulation can 
also be used for uplink shared-channel transmission. 

¢ DFT precoding. As illustrated in Figure 11.2, the modulation symbols, in blocks of 
M symbols, are fed through a size-M DFT, where M corresponds to the number 
of subcarriers assigned for the transmission. The reason for the DFT precoding is to 
reduce the cubic metric for the transmitted signal. From an implementation complexity 
point-of-view the DFT size should preferably be constrained to a power of 2. However, 
such a constraint would limit the scheduler flexibility in terms of the amount of resources 
that can be assigned for an uplink transmission. Rather, from a flexibility point-of-view 
all possible DFT sizes should preferably be allowed. For LTE, a middle-way has been 
adopted where the DFT size, and thus also the size of the resource allocation, is limited to 
products of the integers 2, 3, and 5. For example, DFT sizes of 60, 72, and 96 are allowed 
but a DFT size of 84 is not allowed.” In this way, the DFT can be implemented as a 
combination of relatively low-complex radix-2, radix-3, and radix-5 FFT processing. 

e Antenna mapping. The antenna mapping maps the output of the DFT precoder to one or 
several uplink antenna ports for subsequent mapping to the physical resource (the OFDM 
time-frequency grid). In the first releases of LTE (releases 8 and 9), only single-antenna 
transmission was used for the uplink.* However, as part of LTE release 10, support for 
uplink multi-antenna transmission by means of antenna precoding with up to four 
antennas ports was introduced. More details about LTE uplink multi-antenna 
transmission are provided in Section 11.3. 
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DFT precoding of K blocks, each consisting of M modulation symbols 


7s uplink resource assignments are always done in terms of resource blocks of size 12 subcarriers, the DFT 
size is always a multiple of 12. 

Uplink multi-antenna transmission in the form of antenna selection has been part of the LTE specification 
since release 8. However, it is an optional terminal feature with very limited, if any, implementation in 
commercially available terminals. 
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11.1.2 Mapping to the physical resource 


The scheduler assigns a set of resource-block pairs to be used for the uplink transmission, 
more specifically for transmission of the PUSCH physical channel that carries the UL-SCH 
transport channel. Each such resource-block pair spans 14 OFDM symbols in time (one 
subframe).* However, as will be described in Section 11.2.1, two of these symbols are used 
for uplink demodulation reference signals and are thus not available for PUSCH transmission. 
Furthermore, one additional symbol may be reserved for the transmission of sounding 
reference signals, see Section 11.2.2. Thus, 11 or 12 OFDM symbols are available for 
PUSCH transmission within each subframe. 

Figure 11.3 illustrates how K-M DFT-precoded symbols at the output of the antenna 
mapping are mapped to the basic OFDM time-frequency grid, where K is the number of 
available OFDM symbols within a subframe (11 or 12 according to above) and M is the 
assigned bandwidth in number of subcarriers. As there are 12 subcarriers within a resource- 
block pair, M = N -12 where N is the number of assigned resource-block pairs. 

Figure 11.3 assumes that the set of assigned resource-block pairs are contiguous in the 
frequency domain. This is the typical assumption for DFTS-OFDM and was strictly the case 
for LTE releases 8 and 9. Mapping of the DFT-precoded signal to frequency-contiguous 
resource elements is preferred in order to retain good cubic-metric properties of the uplink 
transmission. At the same time, such a restriction implies an additional constraint for the 
uplink scheduler, something which may not always be desirable. Therefore, LTE release 
10 introduced the possibility to assign partly frequency-separated resources for PUSCH 
transmission. More specifically, in release 10 the assigned uplink resource may consist of a 
maximum of two frequency-separated clusters as illustrated in Figure 11.4, where each 
cluster consists of a number of resource-block pairs (N; and N 2 resource-block pairs 
respectively). In the case of such multi-cluster transmission, a single DFT precoding spans the 
overall assigned resource in the frequency domain—that is, both clusters. This means that 
the total assigned bandwidth in number of subcarriers (M = M/ + M2) should be aligned with 
the restrictions on available DFT sizes described above. 
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Mapping to the uplink physical resource 


412 symbols in the case of extended cyclic prefix. 


11.1 Transport-channel processing 245 


K block of M symbols [}---]] fue 


DFT-precoded symbols SPLIT 
<__-*N1 resource blocks or 
—-*“" M1 =N1-12 subcarriers 


from antenna mapping — []----[J[]m2 N epee eee 
Hi ; pe ao “~ N2 resource blocks or 


? <--> on M2 = N2-12 subcarriers 
One OFDM symbol 


FIGURE 11.4 


Uplink multi-cluster transmission 


11.1.3 PUSCH frequency hopping 


In Chapter 10 it was described how the notion of virtual resource blocks (VRBs) in com- 
bination with the mapping from VRBs to physical resource blocks (PRBs) allowed for 
downlink distributed transmission—that is, the spreading of a downlink transmission in the 
frequency domain. As described, downlink distributed transmission consists of two separate 
steps: (1) a mapping from VRB pairs to PRB pairs such that frequency-consecutive VRB 
pairs are not mapped to frequency-consecutive PRB pairs, and (2) a split of each resource- 
block pair such that the two resource blocks of the resource-block pair are transmitted 
with a certain frequency gap in between. This second step can be seen as frequency hopping 
on a slot basis. 

The notion of VRBs can also be used for the LTE uplink, allowing for frequency-domain- 
distributed transmission for the uplink. However, in the uplink, where transmission from a 
terminal should always be over a set of consecutive subcarriers in the absence of multi-cluster 
transmission, distributing resource-block pairs in the frequency domain, as in the first step of 
downlink distributed transmission, is not possible. Rather, uplink distributed transmission is 
similar to the second step of downlink distributed transmission—that is, a frequency sepa- 
ration of the transmissions in the first and second slots of a subframe. Uplink distributed 
transmission for PUSCH can thus more directly be referred to as uplink frequency hopping. 

There are two types of uplink frequency hopping defined for PUSCH: 


¢ Sub-band-based hopping according to cell-specific hopping/mirroring patterns. 
¢ Hopping based on explicit hopping information in the scheduling grant. 


Uplink frequency hopping is not supported for multi-cluster transmission as, in that case, 
sufficient diversity is assumed to be obtained by proper location of the two clusters. 


11.1.3.1 Hopping based on cell-specific hopping/mirroring patterns 

To support sub-band-based hopping according to cell-specific hopping/mirroring patterns, a 
set of consecutive sub-bands of a certain size is defined from the overall uplink frequency 
band, as illustrated in Figure 11.5. It should be noted that the sub-bands do not cover the total 
uplink frequency band, mainly due to the fact that a number of resource blocks at the edges of 
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Definition of sub-bands for PUSCH hopping. The figure assumes a total of four sub-bands, each 
consisting of eleven resource blocks 


the uplink frequency band are used for transmission of L1/L2 control signaling on the 
PUCCH. For example, in Figure 11.5, the overall uplink bandwidth corresponds to 50 
resource blocks and there are a total of four sub-bands, each consisting of 11 resource blocks. 
Six resource blocks are not included in the hopping bandwidth and could, for example, be 
used for PUCCH transmission. 

In the case of sub-band-based hopping, the set of virtual resource blocks provided in the 
scheduling grant are mapped to a corresponding set of physical resource blocks according to a 
cell-specific hopping pattern. The resource to use for transmission, the PRBs, is obtained by 
shifting the VRBs provided in the scheduling grant by a number of sub-bands according to the 
hopping pattern, where the hopping pattern can provide different shifts for each slot. 
As illustrated in Figure 11.6, a terminal is assigned VRBs 27, 28, and 29. In the first slot, the 
predefined hopping pattern takes the value 1, implying transmission using PRBs one sub-band 
to the right—that is, PRBs 38, 39, and 40. In the second slot, the predefined hopping pattern 
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Hopping/mirroring according to predefined hopping/mirroring patterns. Same hopping pattern as in 
Figure 11.6 


takes the value 3, implying a shift of three sub-bands to the right in the figure and, conse- 
quently, transmission using resource blocks 16, 17, and 18. Note that the shifting “wraps- 
around”—that is, in the case of four sub-bands, a shift of three sub-bands is the same as a 
negative shift of one sub-band. As the hopping pattern is cell specific the same for all ter- 
minals within a cell—different terminals will transmit on non-overlapping physical resources 
as long as they are assigned non-overlapping virtual resources. 

In addition to the hopping pattern, there is also a cell-specific mirroring pattern defined in 
a cell. The mirroring pattern controls, on a slot basis, whether or not mirroring within each 
sub-band should be applied to the assigned resource. In essence, mirroring implies that the 
resource blocks within each sub-band are numbered right to left instead of left to right. 
Figure 11.7 illustrates mirroring in combination with hopping. Here, the mirroring pattern is 
such that mirroring is not applied to the first slot while mirroring is applied to the second slot. 

Both the hopping pattern and the mirroring pattern depend on the physical-layer cell 
identity and are thus typically different in neighboring cells. Furthermore, the period of the 
hopping/mirroring patterns corresponds to one frame. 


11.1.3.2 Hopping based on explicit hopping information 

As an alternative to hopping/mirroring according to cell-specific hopping/mirroring patterns 
as described above, uplink slot-based frequency hopping for PUSCH can also be controlled 
by explicit hopping information provided in the scheduling grant. In such a case the sched- 
uling grant includes: 


¢ information about the resource to use for uplink transmission in the first slot, exactly as in 
the non-hopping case; and 

¢ additional information about the offset of the resource to use for uplink transmission in 
the second slot, relative to the resource of the first slot. 
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Frequency hopping according to explici 


4. 


hopping information 


Selection between hopping according to cell-specific hopping/mirroring patterns as 
described above or hopping according to explicit information in the scheduling grant can be 
done dynamically. More specifically, for cell bandwidths less than 50 resource blocks, there is a 
single bit in the scheduling grant indicating if hopping should be according to the cell-specific 
hopping/mirroring patterns or should be according to information in the scheduling grant. In 
the latter case, the hop is always half of the hopping bandwidth. In the case of larger bandwidths 
(50 resource blocks and beyond), there are two bits in the scheduling grant. One of the com- 
binations indicates that hopping should be according to the cell-specific hopping/mirroring 
patterns while the three remaining alternatives indicate hopping of 1/2, + 1/4, and —1/4 of the 
hopping bandwidth. Hopping according to information in the scheduling grant for the case of a 
cell bandwidth corresponding to 50 resource blocks is illustrated in Figure 11.8. In the first 
subframe, the scheduling grant indicates a hop of one-half the hopping bandwidth. In the 
second subframe, the grant indicates a hop of one-fourth the hopping bandwidth (equivalent 
to a negative hop of three-fourths of the hopping bandwidth). Finally, in the third subframe, 
the grant indicates a negative hop of one-fourth the hopping bandwidth. 


11.2 Uplink reference signals 


Similar to the downlink, reference signals are also transmitted on the LTE uplink. There are 
two types of reference signals defined for the LTE uplink: 


¢ Uplink demodulation reference signals (DM-RS) are intended to be used by the base 
station for channel estimation for coherent demodulation of the uplink physical channels 
(PUSCH and PUCCH). A demodulation reference signal is thus only transmitted 
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together with PUSCH or PUCCH and is then spanning the same frequency range as the 
corresponding physical channel. 

¢ Uplink sounding reference signals (SRS) are intended to be used by the base station for 
channel-state estimation to support uplink channel-dependent scheduling and link 
adaptation. The SRS can also be used in other cases when uplink transmission is needed 
although there is no data to transmit. One example is when uplink transmission is needed 
for the network to be able to estimate the uplink receive timing as part of the uplink- 
timing-alignment procedure (see Section 11.6). 


11.2.1 Demodulation reference signals 


Uplink DM-RS are intended to be used for channel estimation for coherent demodulation of 
the Physical Uplink Shared Channel (PUSCH) to which the UL-SCH transport channel is 
mapped, as well as for the Physical Uplink Control Channel (PUCCH) which carries different 
types of uplink L1/L2 control signaling. The basic principles for uplink DM-RS are the same 
for PUSCH and PUCCH transmission although there are some differences—for example, in 
terms of the exact set of OFDM symbols in which the reference signals are transmitted. The 
discussion below will primarily focus on PUSCH DM-RM. Some additional details on the 
PUCCH DM-RS structure are provided in Section 11.4 as part of the more general description 
of uplink L1/L2 control signaling. 


11.2.1.1 Time-frequency structure 

Due to the importance of low cubic metric and corresponding high power-amplifier efficiency for 
uplink transmissions, the principles for uplink reference-signal transmission are different 
compared to the downlink. In essence, transmitting reference signals frequency multiplexed with 
other uplink transmissions from the same terminal is not suitable for the uplink as that would 
negatively impact the terminal power-amplifier efficiency due to increased cubic metric. Instead, 
certain OFDM symbols within a subframe are used exclusively for DM-RS transmission—that 
is, the reference signals are time multiplexed with other uplink transmissions (PUSCH and 
PUCCH) from the same terminal. The structure of the reference signal itself then ensures a low 
cubic metric within these symbols, as described below. 

More specifically, in case of PUSCH transmission DM-RS is transmitted within the fourth 
symbol of each uplink slot? (Figure 11.9). Within each subframe, there are thus two 
reference-signal transmissions, one in each slot. 

In case of PUCCH transmission, the number of OFDM symbols used for DM-RS trans- 
mission in a slot, as well as the exact position of these symbols, differ between different 
PUCCH formats as further described in Section 11.4. 

In general, there is no reason to estimate the channel outside the frequency band of the 
corresponding PUSCH/PUCCH transmission that is to be coherently demodulated. The 


>The third symbol in the case of extended cyclic prefix. 
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FIGURE 11.9 


Transmission of uplink demodulation reference signals within a slot in case of PUSCH transmission 


frequency range spanned by an uplink DM-RS is therefore equal to the instantaneous fre- 
quency range spanned by the corresponding PUSCH/PUCCH transmission. This means that, 
for PUSCH transmission, it should be possible to generate reference signals of different 
bandwidths, corresponding to the possible bandwidths of a PUSCH transmission. More 
specifically, it should be possible to generate reference signals of a bandwidth corresponding 
to 12-N subcarriers, where N corresponds to the bandwidth of the PUSCH transmission 
measured in number of resource blocks.° 

As will be described in Section 11.4, PUCCH transmission from a terminal is always 
carried out over a single resource block in the frequency domain. In the case of PUCCH 
transmission, the bandwidth of the reference signal thus always corresponds to 12 subcarriers. 

Regardless of the kind of uplink transmission (PUSCH or PUCCH), the basic structure of 
each reference-signal transmission is the same. As illustrated in Figure 11.10, an uplink 
DM-RS can be defined as a frequency-domain reference-signal sequence applied to 
consecutive inputs of an OFDM modulator—that is, to consecutive subcarriers. Referring to 
the previous discussion, in case of PUSCH transmission, the frequency-domain reference- 
signal sequence should have a length M = 12-N, where N corresponds to the PUSCH 
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FIGURE 11.10 


Generation of uplink DM-RS from a frequency-domain reference-signal sequence 


“Due to the imposed limitations on supported DFT sizes as described in Section 11.1.1 there will be some 
additional constraints on N. 
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bandwidth measured in number of resource blocks. In case of PUCCH transmission, the 
length of the reference-signal sequence should always be equal to 12. 


11.2.1.2 Base sequences 
Uplink reference signals should preferably have the following properties: 


¢ Small power variations in the frequency domain to allow for similar channel-estimation 
quality for all frequencies spanned by the reference signal. Note that this is equivalent to 
a well-focused time-domain auto-correlation of the transmitted reference signal. 

¢ Limited power variations in the time domain, leading to low cubic metric of the 
transmitted signal. 


Furthermore, a sufficient number of reference-signal sequences of a given length, corre- 
sponding to a certain reference-signal bandwidth, should be available in order to avoid an 
unreasonable planning effort when assigning reference-signal sequences to terminals and cells. 

So-called Zadoff—Chu sequences [71] have the property of constant power in both the 
frequency and time domains. The Mzc elements of the g:th Zadoff—Chu sequence within the 
set of Zadoff—Chu sequences of length Mzc can be expressed as: 


ke (k+1) 
wae Me O<k<Mzc (11.1) 


From the point of view of small power variations in both the frequency and time domains, 
Zadoff—Chu sequences would thus be excellent as uplink reference-signal sequences. However, 
there are two reasons why Zadoff—Chu sequences are not suitable for direct use as uplink 
reference-signal sequences in LTE: 


¢ The number of available Zadoff—Chu sequences of a certain length, corresponding to the 
number of possible values for the parameter g in expression (11.1) above, equals the number 
of integers that are relative prime to the sequence length Mzc. To maximize the number of 
Zadoff—Chu sequences and thus, in the end, to maximize the number of available uplink 
reference signals, prime-length Zadoff—Chu sequences would therefore be preferred. At 
the same time, according to above, the length of the uplink reference-signal sequences 
should be a multiple of 12, which is not a prime number. 

¢ For short sequence lengths, corresponding to narrow uplink transmission bandwidths, 
relatively few reference-signal sequences would be available even if they were based on 
prime-length Zadoff—Chu sequences. 


Instead, for sequence lengths larger than or equal to 36, corresponding to transmission 
bandwidths larger than or equal to three resource blocks, basic reference-signal sequences, in 
the LTE specification referred to as base sequences, are defined as cyclic extensions of 
Zadoff—Chu sequences of length Mzc (Figure 11.11), where Mzc is the largest prime number 
smaller than or equal to the length of the reference-signal sequence. For example, the largest 
prime number less than or equal to 36 is 31, implying that reference-signal sequences of 
length 36 are defined as cyclic extensions of Zadoff—Chu sequences of length 31. The number 
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FIGURE 11.11 
Length-M basic reference-signal sequence derived from cyclic extension of a length-Mz¢ Zadoff-Chu 
sequence 


of available sequences is then equal to 30—that is, one less than the length of the Zadoff—Chu 
sequence. For larger sequence lengths, more sequences are available. For example, for a 
sequence length equal to 72, there are 70 sequences available.’ 

For sequence lengths equal to 12 and 24, corresponding to transmission bandwidths of one 
and two resource blocks respectively, special QPSK-based sequences have instead been found 
from computer searches and are explicitly listed in the LTE specifications. For each of the two 
sequence lengths, 30 sequences have been defined. 

Thus there are at least 30 sequences available for each sequence length. However, not all 
of these sequences are actually being used as base sequences. 


e For sequence lengths less than 72, corresponding to reference-signal bandwidths less 
than six resource blocks, 30 sequences are being used. 

e For sequence lengths equal to 72 and beyond, corresponding to reference-signal 
bandwidths of six resource blocks and beyond, 60 sequences are being used. 


These sequences are divided into 30 sequence groups where each group consists of one 
base sequence for each sequence length less than 72 and two base sequences for each 
sequence length equal to 72 and beyond. A base sequence of a given length is thus fully 
specified by a group index ranging from 0 to 29 together with, in case of sequence lengths 
equal to 72 and beyond, a sequence index taking the values 0 and 1. 


11.2.1.3 Phase-rotation and orthogonal cover codes 
From the base sequences previously described, additional reference-signal sequences can be 
generated by applying different linear phase rotations in the frequency domain, as illustrated 
in Figure 11.12. 

Applying a linear phase rotation in the frequency domain is equivalent to applying a cyclic shift 
in the time domain. Thus, although being defined as different frequency-domain phase rotations in 
line with Figure 11.12, the LTE specification actually refers to this as applying different cyclic 


’The largest prime number smaller than or equal to 72 is 71. The number of sequences is then one less than the 
length of the Zadoff—Chu sequence, i.e., 70. 
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FIGURE 11.12 


Generation of uplink reference-signal sequence from phase-rotated base sequence 


shifts. Here the term “phase rotation” will be used. However, it should be borne in mind that what 
is here referred to as phase rotation is referred to as cyclic shift in the 3GPP specifications. 

Demodulation reference signals derived from different base sequences typically have 
relatively low but still non-zero cross correlation. In contrast, reference signals defined from 
different phase rotations of the same base sequence are, at least in theory, completely 
orthogonal if the parameter o in Figure 11.12 takes a value m7c/6, where the integer m ranges 
from 0 to 11.8 Up to 12 orthogonal reference signals can thus be derived from each base 
sequence by using different values of the parameter m. 

However, to retain the orthogonality between these reference signals at the receiver side, the 
frequency response of the channel should be essentially constant over the span of one resource 
block—that is, over 12 subcarriers. Alternatively expressed, the main part of the channel time 
dispersion should not extend beyond the length of the cyclic shift mentioned above. If that is not 
the case, a subset of the available values for « may be used—for example, only the values {0, 
27/6, 470/6, ..., 107/6} or perhaps even fewer values. Limiting the set of possible values for a 
implies orthogonality over a smaller number of subcarriers and, as a consequence, less sensi- 
tivity to channel frequency selectivity. In other words, there is a trade-off between the number of 
orthogonal reference signals that can be generated from different phase rotations and the 
amount of channel frequency-selectivity that should be possible to cope with. 

Another prerequisite for receiver-side orthogonality between reference signals defined 
from different phase rotations of the same base sequence is that the reference signals are 
transmitted well aligned in time. Thus the main uses of phase rotation include: 


¢ To provide multiple simultaneous reference signals from the same terminal in case of 
uplink multi-layer transmission (uplink spatial multiplexing, see Section 11.3.1) 

¢ To provide the possibility for orthogonal reference signals between multiple 
terminals being scheduled for PUSCH transmission on the same resource, that is, the 
same set of resource blocks, within a cell (uplink MU-MIMO, see Section 11.3.2) 


The orthogonality is due to the fact that, for & = m7:/6, there will be an integer number of full-circle rotations 
over 12 subarriers—that is, over one resource block. 
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Phase rotations may also be used to provide orthogonal reference signals between terminals in 
neighbor cells, assuming tight synchronization between the cells. Finally, phase rotations are 
also used to separate reference signals of different terminals in case of PUCCH transmission 
(see Section 11.4). 

In addition to the use of different phase rotations, orthogonal reference-signal trans- 
missions can also be achieved by means of Orthogonal Cover Codes (OCC). As illustrated in 
Figure 11.13, two different length-two OCCs ([+1 +1] and [+1 —1] respectively) can be 
applied to the two PUSCH reference-signal transmissions within a subframe. This allows for 
overall DM-RS orthogonality over the subframe assuming that 


e the channel does not change substantially over the subframe and 
* the reference signals of the two slots are the same.” 


Similar to phase rotations, receiver-side orthogonality between reference-signal trans- 
missions based on different OCC requires that the transmissions are well-aligned in time at 
the receiver side. Thus the use of OCC is essentially the same as for phase rotations as 
described earlier: 


¢ To provide multiple reference signals from the same terminal in case of uplink spatial 
multiplexing 

¢ To provide orthogonal reference signals between terminals being scheduled on the same 
resource within a cell (uplink MU-MIMO) 

¢ To allow for reference-signal orthogonality between uplink transmissions within 
neighbor cells in case of tight synchronization and time alignment between the cells 


It should be noted that, in contrast to phase rotations, orthogonality by means of OCC 
does not require that the same base sequence is used for the two DM-RS (DM-RS 0 and 


OCC = [+1 +1] 
+1 +1 
DM-RS 0 F 2 F _ 


OCC = [+1 -1] 
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FIGURE 11.13 


Generation of multiple demodulation reference signals from orthogonal cover codes 


Strictly speaking, the only thing that is required is that the correlation between the reference signals of DM-RS 
0 and DM-RS 1 in Figure 11.14 is the same for the two slots. If the reference signals are the same for the two 
slots, this is the case. 
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DM-RS 1 in Figure 11.13). Actually, the two reference signals do not even need to have the 
same bandwidth; having the same cross-correlation between the reference signals of DM-RS 
0 and DM-RS 1 for the two slots is sufficient. Thus OCC can be used to achieve reference- 
signal orthogonality also for PUSCH transmissions of different bandwidths. 

Similar to phase rotations, orthogonal codes can also be applied to DM-RS in case of 
PUCCH transmission, although in a somewhat different way compared to PUSCH due to the 
different time-domain structure of PUCCH DM-RS (see Section 11.4). 


11.2.1.4 Base-sequence assignment 

According to above each base sequence of a given length corresponds to a unique combi- 
nation of a group index ranging from 0 to 29 and a sequence index taking the values 0 or 1. 
Base-sequence assignment—that is, determining what base sequence should be used by a 
specific terminal—is thus equivalent to assigning a corresponding group and sequence 
index.!° 

Prior to release 11, base-sequence assignment was cell-specific—that is, for a given slot 
the group and sequence indices were the same for all terminals having the same serving cell. 

In the case of a fixed (non-hopping) group assignment, the sequence group to use for 
PUCCH transmission does not change between slots and was, prior to release 11, directly 
given by the physical-layer cell identity. More specifically, the group index was equal to the 
cell identity modulo 30, where the cell identity may take values in the range 0 to 503 as 
described in Chapter 14. Thus, cell identities 0, 30, 60, ..., 480 corresponded to sequence 
group 0, cell identities 1, 31, 61, ..., 481 to sequence group 1, and so on. 

In contrast, what sequence group to use for PUSCH transmission could be explicitly 
configured on a cell basis by adding an offset provided as part of the cell system information 
to the PUCCH group index. The reason for providing the possibility for explicitly indicating 
what sequence group to use for PUSCH transmission in a cell was that it should be possible to 
use the same sequence group for PUSCH transmission in neighboring cells, despite the fact 
that such cells typically have different cell identities. In this case, the reference signals for 
PUSCH transmissions within the two cells would instead be distinguished by different phase 
rotations and/or OCC as discussed in Section 11.2.1.3, allowing for reference-signal 
orthogonality also between cells.'' 

In the case of group hopping, an additional cell-specific group-hopping pattern is added to 
the group index, allowing for the group index of a cell to change on a slot basis. Prior to 
release 11, the group-hopping pattern was also derived from the cell identity, and identical 
group-hopping patterns were used for PUSCH and PUCCH within a cell. 

In addition to the group index, for sequence lengths equal to or larger than 72, the 
reference-signal sequence also depends on the sequence index. The sequence index can 
either be fixed (non-hopping), in which case it always equals 0, or vary between slots 


‘Ror base-sequence lengths less than 72, the sequence index is always equal to zero. 
"This assumes tight synchronization and time-alignment between the cells. 
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(hopping) according to a sequence-hopping pattern. Similar to group hopping, prior to release 
11 the sequence-hopping pattern was cell-specific and given by the physical-layer cell 
identity. 

In LTE release 11, the possibility for terminal-specific base sequence assignment was 
introduced—that is, the group and sequence indices to use for PUSCH and PUCCH can, with 
release 11, be explicitly configured for a specific terminal regardless of the identity of the 
serving cell. The introduction of terminal-specific base-sequence assignment was done very 
similarly to the introduction of terminal-specific downlink DM-RS as described in Section 
10.2.2—that is, by introducing the possibility for explicitly configuring a terminal with 
something that can be seen as a “virtual cell identity” which, if configured, replaces that 
actual physical-cell identity when deriving the group and sequence index. Similar to down- 
link DM-RS, if no virtual cell identity is configured the terminal should assume cell-specific 
base-sequence assignment according to above. 

It should be pointed out that the terminal is not configured with a single “virtual-cell 
identity” to be used for deriving the base sequences for PUSCH and PUCCH. Rather, the 
terminal-specific configuration is done separately for PUSCH and PUCCH using two 
different “virtual cell identities.” 

The main reason for introducing the possibility for full terminal-specific assignment of 
uplink reference signals was to enhance the support for uplink multi-point reception. In case 
of uplink multi-point reception, an uplink transmission may be received at a reception point 
not corresponding to the serving cell of the terminal but at a reception point corresponding to 
another cell. To enhance the reception quality it is beneficial to have orthogonal reference 
signals for different terminals received at this reception point despite the fact that they, strictly 
speaking, have different serving cells. To allow for this, the reference-signal sequences should 
not be cell-specific but rather possible to assign on a terminal basis. Multi-point reception is 
discussed in somewhat more detail in Chapter 15 as part of a more general discussion on 
multi-point coordination and transmission. 


17.2.1.5 Assignment of phase rotation and OCC 

As discussed previously, the main use for phase rotations and OCC in case of PUSCH DM-RS 
is to provide a possibility for orthogonal reference signals for different layers in case of spatial 
multiplexing and for different terminals scheduled on the same resource either within one cell 
(MU-MIMO) or in neighboring tightly synchronized cells. 

In order not to limit the flexibility in terms of what terminals can be jointly scheduled on 
the same resource, the assignment of phase rotation and OCC can be done dynamically. Thus, 
the exact phase rotation, given by the phase parameter m in Figure 11.12 and the OCC is 
provided jointly as a single parameter included as part of the uplink scheduling grant provided 
by the network. Each value of this parameter corresponds to a certain combination of phase 
rotation and OCC for each layer to be transmitted by the terminal. In case of spatial multi- 
plexing, the different layers will then inherently be assigned different phase shifts and, 
possibly, different OCC. By providing different parameter values to different terminals, the 
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terminals will be assigned different phase-shifts/OCC combinations, allowing for orthogonal 
reference signals and thus providing enhanced MU-MIMO performance either within a cell 
or between cells. 


11.2.2 Sounding reference signals 


The demodulation reference signals discussed in Section 11.2.1 are intended to be used by the 
base station for channel estimation to allow for coherent demodulation of uplink physical 
channels (PUSCH or PUCCH). A demodulation reference signal is always transmitted 
together with and spanning the same frequency range as the corresponding physical channel. 

In contrast, sounding reference signals (SRS) are transmitted on the uplink to allow for the 
base station to estimate the uplink channel state at different frequencies. The channel-state 
estimates can then, for example, be used by the base-station scheduler to assign resource 
blocks of instantaneously good quality for uplink PUSCH transmission from the specific 
terminal (uplink channel-dependent scheduling), as well as to select different transmission 
parameters such as the instantaneous data rate and different parameters related to uplink 
multi-antenna transmission. As mentioned earlier, SRS transmission can also be used in other 
situations when uplink transmission is needed although there is no data to transmit, for 
example, for uplink timing estimation as part of the uplink-timing-alignment procedure. 
Thus, an SRS is not necessarily transmitted together with any physical channel and if 
transmitted together with, for example, PUSCH, the SRS may span a different, typically 
larger, frequency range. 

There are two types of SRS transmission defined for the LTE uplink: periodic SRS 
transmission, which has been available from the first release of LTE (release 8) and aperiodic 
SRS transmission, introduced in LTE release 10. 


11.2.2.1 Periodic SRS transmission 
Periodic SRS transmission from a terminal occurs at regular time intervals, from as often as 
once every 2 ms (every second subframe) to as infrequently as once every 160 ms (every 16th 
frame). When SRS is transmitted in a subframe, it occupies the last symbol of the subframe as 
illustrated in Figure 11.14. As an alternative, in the case of TDD operation, SRS can also be 
transmitted within the UpPTS. 

In the frequency domain, SRS transmissions should span the frequency range of interest 
for the scheduler. This can be achieved in two ways: 


¢ By means of a sufficiently wideband SRS transmission that allows for sounding of the 
entire frequency range of interest with a single SRS transmission, as illustrated in the 
upper part of Figure 11.15. 

¢ By means of a more narrowband SRS transmission hopping in the frequency domain in 
such a way that a sequence of SRS transmissions jointly spans the frequency range of 
interest, as illustrated in the lower part of Figure 11.15. 
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FIGURE 11.15 
Non-frequency-hopping (wideband) versus frequency-hopping SRS 


The instantaneous SRS bandwidth is always a multiple of four resource blocks. Different 
bandwidths of the SRS transmission can simultaneously be available within a cell. A narrow 
SRS bandwidth, corresponding to four resource blocks, is always available, regardless of the 
uplink cell bandwidth. Up to three additional, more wideband SRS bandwidths may also be 
configured within a cell. A specific terminal within the cell is then explicitly configured to use 
one of up to four SRS bandwidths available in the cell. 

If a terminal is transmitting SRS in a certain subframe, the SRS transmission may very 
well overlap, in the frequency domain, with PUSCH transmissions from other terminals 
within the cell. To avoid collision between SRS and PUSCH transmissions from different 
terminals, terminals should in general avoid PUSCH transmission in the OFDM symbols in 
which SRS transmission may occur. To achieve this, all terminals within a cell are aware of 
the set of subframes within which SRS may be transmitted by any terminal within the cell. 
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All terminals should then avoid PUSCH transmission in the last OFDM symbol of those 
subframes. Information about the set of subframes in which SRS may be transmitted within a 
cell is provided as part of the cell system information. !* 

On a more detailed level, the structure for sounding reference signals (SRS) is similar to 
that of uplink demodulation reference signals described in Section 11.2.1. More specifically, a 
sounding reference signal is also defined as a frequency-domain reference-signal sequence 
derived in the same way as for DM-RS—that is, cyclic extension of prime-length Zadoff—Chu 
sequences for sequence lengths equal to 30 and above and special sequences for sequence 
lengths less than 30. However, in the case of SRS, the reference-signal sequence is mapped to 
every second subcarrier, creating a “comb’-like spectrum, as illustrated in Figure 11.16. 
Taking into account that the bandwidth of the SRS transmission is always a multiple of four 
resource blocks, the lengths of the reference-signal sequences for SRS are thus always a 
multiple of 24.'* The reference-signal sequence to use for SRS transmission within the cell is 
derived in the same way as the PUCCH DM-RS within the cell, assuming cell-specific 
reference-signal sequence assignment. Terminal-specific reference-signal sequences are not 
supported for sounding reference signals. 

Similar to demodulation reference signals, different phase rotations, also for SRS referred 
to as “cyclic shifts” in the LTE specifications, can be used to generate different SRS that are 
orthogonal to each other. By assigning different phase rotations to different terminals, mul- 
tiple SRS can thus be transmitted in parallel in the same subframe, as illustrated by terminals 
#1 and #2 in the upper part of Figure 11.17. However, it is then required that the reference 
signals span the same frequency range. 
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FIGURE 11.16 


Generation of SRS from a frequency-domain reference-signal sequence 


‘2What is provided as part of the system information is a periodicity (2 to 160 ms) and a subframe offset; 
compare the bullet list in the following. 

'3Four resource blocks, each spanning 12 subcarriers, but only every second subcarrier is used for a certain SRS 
transmission. 
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FIGURE 11.17 


Multiplexing of SRS transmissions from different terminals 


Another way to allow for SRS to be simultaneously transmitted from different terminals is 
to rely on the fact that each SRS only occupies every second subcarrier. Thus, SRS trans- 
missions from two terminals can be frequency multiplexed by assigning them to different 
frequency shifts or “combs,” as illustrated by terminal #3 in the lower part of Figure 11.17. 
In contrast to the multiplexing of SRS transmission by means of different “cyclic shifts,” 
frequency multiplexing of SRS transmissions does not require the transmissions to cover 
identical frequency ranges. 

To summarize, the following set of parameters defines the characteristics of an SRS 
transmission: 


e SRS transmission time-domain period (from 2 to 160 ms) and subframe offset. 

e SRS transmission bandwidth—the bandwidth covered by a single SRS transmission. 

¢ Hopping bandwidth—the frequency band over which the SRS transmission is frequency 
hopping. 

e Frequency-domain position—the starting point of the SRS transmission in the frequency 
domain. 

e Transmission comb as illustrated in Figure 11.17. 

e Phase rotation (or equivalently cyclic shift) of the reference-signal sequence. 


A terminal that is to transmit SRS is configured with these parameters by means of higher 
layer (RRC) signaling. 


11.2.2.2 Aperiodic SRS transmission 

In contrast to periodic SRS, aperiodic SRS are one-shot transmissions, triggered by signaling 
on PDCCH as part of the scheduling grant. The frequency-domain structure of an aperiodic 
SRS transmission is identical to that of periodic SRS. Also, in the same way as for periodic 
SRS transmission, aperiodic SRS are transmitted within the last symbol of a subframe. 
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Furthermore, the time instants when aperiodic SRS may be transmitted are configured per 
terminal using higher-layer signaling. 

The frequency-domain parameters for aperiodic SRS (bandwidth, odd or even “comb,” 
etc.) are configured by higher-layer (RRC) signaling. However, no SRS transmission will 
actually be carried out until the terminal is explicitly triggered to do so by an explicit SRS 
trigger on PDCCH/EPDCCH. When such a trigger is received, a single SRS is transmitted in 
the next available aperiodic SRS instant configured for the terminal using the configured 
frequency-domain parameters. Additional SRS transmissions can then be carried out if 
additional triggers are received. 

Three different parameter sets can be configured for aperiodic SRS, for example differing 
in the frequency position of the SRS transmission and/or the transmission comb. Information 
on what parameters to use when the SRS is actually transmitted is included in the PDCCH/ 
EPDCCH L1/L2 control-signaling information, which consists of two bits, three combina- 
tions of which indicate the specific SRS parameter set. The fourth combination simply in- 
dicates that no SRS should be transmitted. 


11.3 Uplink multi-antenna transmission 


Downlink multi-antenna transmission was supported by the LTE specification from its first 
release (release 8). With LTE release 10, support for uplink multi-antenna transmission—that 
is, uplink transmission relying on multiple transmit antennas at the terminal side—was also 
introduced for LTE. Uplink multi-antenna transmission can be used to improve the uplink 
performance in different ways: 


¢ To improve the achievable data rates and spectral efficiency for uplink data transmission 
by allowing for antenna precoding supporting uplink beam-forming as well as spatial 
multiplying with up to four layers for the uplink physical data channel PUSCH. 

¢ To improve the uplink control-channel performance by allowing for transmit diversity 
for the uplink physical control channel PUCCH. 


11.3.1 Precoder-based multi-antenna transmission for PUSCH 


As illustrated in Figure 11.18, the structure of the uplink antenna precoding is very similar to 
that of downlink antenna precoding (Section 10.3), including the presence of precoded 
demodulation reference signals (one per layer) similar to downlink non-codebook-based 
precoding (Figure 10.19). Uplink antenna precoding supports transmission using up to four 
antenna ports, allowing for spatial multiplexing with up to four layers. 

The principles for mapping of the modulation symbols to layers are also the same as for 
the downlink. For an initial transmission, there is one transport block in the case of a single 
layer and two transport blocks for more than one layer, as illustrated in Figure 11.19. Similar 
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Precoder-based multi-antenna transmission for LTE uplink 
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Uplink transport-channel-to-layer mapping (initial transmission) 


to the downlink, in the case of a hybrid-ARQ retransmission, a single transport block may 
also be transmitted on multiple layers in some cases. 

As can be seen in Figure 11.18, the DFT precoding is actually taking place after layer 
mapping—that is, each layer is separately DFT precoded. To simplify the description this was 
not really visible in Figure 11.1 outlining the overall physical-layer transport-channel 
processing. 

It can also be noted that, in contrast to Figure 10.19, the precoder in Figure 11.18 is not 
shaded. As discussed in Section 10.3.3, for downlink non-codebook-based precoding, the 
precoder part of the antenna mapping is not visible in the specification and the network can, 
in essence, apply an arbitrary precoding for the downlink transmission. Due to the use of 
precoded demodulation reference signals, the terminal can recover the different layers 
without knowledge of exactly what precoding has been applied at the transmitted side. 

The same is also true for the uplink—that is, the presence of precoded demodulation 
reference signals would allow for the base station to demodulate the uplink multi-antenna 
transmission and recover the different layers without knowledge of the precoding taking 
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place at the transmitter side. However, for LTE the uplink precoder matrix is selected by the 
network and conveyed to the terminal as part of the scheduling grant. The terminal should 
then follow the precoder matrix selected by the network. Thus, in the uplink, the precoder is 
visible in the specification and, in order to limit the downlink signaling, there is a limited set 
of precoder matrices specified for each transmission rank. 

More specifically, for each combination of transmission rank N_ and number of 
antennas ports Na, a set of precoder matrices of size Na x Nz is defined, as illustrated in 
Tables 11.1 and 11.2 for two and four antenna ports respectively. For full-rank trans- 
mission—that is, when the transmission rank or number of layers equals the number of 
transmit antennas—only a single precoder matrix is defined, namely the identity matrix of 
size Na x Na (not shown in the tables). Note that, for the case of four antenna ports, only a 
subset of the defined matrices is shown. In total there are 24 rank-1 matrices, 16 rank- 
2 matrices, and 12 rank-3 matrices defined for four antenna ports, in addition to the single 
rank-4 matrix. 

As can be seen, all the precoder matrices in Table 11.1 contain one and only one non-zero 
element in each row, and this is generally true for all precoder matrices defined for the uplink. 
As a consequence, the signal transmitted on a certain antenna port (corresponding to a certain 
row of the precoder matrix) always depends on one and only one specific layer (corre- 
sponding to a specific column of the precoder matrix). Expressed alternatively, the precoder 
matrix maps the layers to the antenna ports with at most one layer being mapped to each 
antenna port. Due to this, the good cubic-metric properties of the transmitted signal are also 
preserved for each antenna port when antenna precoding is applied. The precoder matrices of 
Tables 11.1 and 11.2 are therefore also referred to as cubic-metric-preserving precoder 
matrices. 

In order to select a suitable precoder, the network needs information about the uplink 
channel. Such information can, for example, be based on measurements on the uplink 
sounding reference signals (Section 11.2.2). As indicated in Figure 11.20, sounding reference 
signals (SRS) are transmitted non-precoded—that is, directly on the different antenna ports. 
The received SRS thus reflect the channel of each antenna port, not including any precoding. 


Table 11.1 Uplink Precoder Matrices for two Antenna Ports 


Codebook Index 
Transmission Rank 3 


1 
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Illustration of SRS transmitted affer uplink antenna precoding 


Based on the received SRS, the network can thus decide on a suitable uplink transmission 
rank and corresponding uplink precoder matrix, and provide information about the selected 
rank and precoder matrix as part of the scheduling grant. 

The previous paragraph assumed the same number of antenna ports for PUSCH as for 
SRS. This is a relevant situation and the SRS is, in this case, used to aid the selection of the 
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precoding matrix, as discussed above. However, there are also situations when SRS and 
PUSCH use different numbers of antenna ports. One example is uplink transmission of two 
layers (two antenna ports), where the eNodeB would like to use SRS to probe the channel for 
potential four-layer transmission. In this case the SRS is transmitted on a different set of 
antenna ports than the PUSCH to aid the eNodeB in assessing the benefits, if any, of switching 
to four-layer transmission. 


11.3.2 Uplink multi-user MIMO 


As described in Section 10.3.5, downlink multi-user MIMO (MU-MIMO) implies downlink 
transmission to different terminals using the same time-frequency resource and relying on the 
availability of multiple antennas, at least on the network side, to suppress interference be- 
tween the transmissions. The term MU-MIMO originated from the resemblance to 
SU-MIMO (spatial multiplexing). 

Uplink MU-MIMO is essentially the same thing but for the uplink transmission 
direction—that is, uplink MU-MIMO implies uplink transmissions from multiple terminals 
using the same uplink time-frequency resource and relying on the availability of multiple 
receive antennas at the base station to separate the two or more transmissions. Thus, 
MU-MIMO is really just another term for uplink Space-Division Multiple Access (SDMA). 

Actually, on the uplink, the relation between MU-MIMO and SU-MIMO (spatial mul- 
tiplexing) is even closer. Uplink spatial multiplexing, for example with two antenna ports 
and two layers, implies that the terminal transmits two transport blocks with one transport 
block transmitted on each layer and thus on each antenna port,'* as illustrated in the left part 
of Figure 11.21. As illustrated in the right part of the figure, MU-MIMO is essentially 
equivalent to separating the two antennas into two different terminals and transmitting one 
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FIGURE 11.21 
SU-MIMO and MU-MIMO 


'4Note that the 2x2 precoder matrix is the identity matrix (see Table 11.1). 
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transport block from each terminal. The base-station processing to separate the two 
transmissions could essentially be identical to the processing used to separate the two layers 
in the case of spatial multiplexing. It should be noted that the separation of the two 
transmissions at the receiver side could be simplified, or at least the possible means to 
achieve this separation are extended, if the two terminals are well separated in space, 
something which is not the case for two antennas attached to the same terminal. As an 
example, for sufficiently separated terminals, classical beam-forming relying on correlated 
receiver antennas can be used to separate the uplink transmissions. Alternatively, uncor- 
related receiver antennas can be used, and the separation means are then essentially the 
same as for SU-MIMO. 

One important benefit of uplink MU-MIMO is that one, in many cases, can get similar 
gains in system throughput as SU-MIMO (spatial multiplexing) without the need for multiple 
transmit antennas at the terminal side, allowing for less complex terminal implementation. It 
should be noted though that spatial multiplexing could still provide substantial gains in terms 
of user throughput and peak data rates that can be provided from a single terminal. 
Furthermore, the potential system gains of uplink MU-MIMO rely on the fact that more than 
one terminal is actually available for transmission to in a subframe. The process of “pairing” 
terminals that should share the time-frequency resources is also non-trivial and requires 
suitable radio-channel conditions. 

Essentially, support for uplink MU-MIMO only requires the possibility to explicitly assign a 
specific orthogonal reference signal for the uplink transmission, thereby ensuring orthogonality 
between reference-signal transmissions from the different terminals involved in the MU-MIMO 
transmission. As described in Section 11.2.1.5, this is supported by means of the dynamic 
assignment of DM-RS phase rotation and OCC as part of the uplink scheduling grant. 


11.3.3 PUCCH transmit diversity 


Precoder-based multi-layer transmission is only used for the uplink data transmission on 
PUSCH. However, in the case of a terminal with multiple transmit antennas, one wants to use 
the full set of terminal antennas and corresponding terminal power amplifiers also for the L1/ 
L2 control signaling on PUCCH in order to be able to utilize the full power resource and 
achieve maximum diversity. To achieve additional diversity, LTE release 10 also introduced 
the possibility for two-antenna transmit diversity for PUCCH. More specifically, the transmit 
diversity supported for PUCCH is referred to as Spatial Orthogonal-Resource Transmit Di- 
versity (SORTD). 

The basic principle of SORTD is simply to transmit the uplink control signaling using 
different resources (time, frequency, and/or code) on the different antennas. In essence, the 
PUCCH transmissions from the two antennas will be identical to PUCCH transmissions from 
two different terminals using different resources. Thus, SORTD creates additional diversity 
but achieves this by using twice as many PUCCH resources, compared to non-SORTD 
transmission. 
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For four physical antennas at the terminal, implementation-specific antenna virtualization 
is used. In essence, a transparent scheme is used to map the two-antenna-port signal to four 
physical antennas. 


11.4 Uplink L1/L2 control signaling 


Similar to the LTE downlink, there is also a need for uplink L1/L2 control signaling to support 
data transmission on downlink and uplink transport channels. Uplink L1/L2 control signaling 
consists of: 


¢ hybrid-ARQ acknowledgements for received DL-SCH transport blocks; 

¢ channel-state information (CSI) related to the downlink channel conditions, used to 
assist downlink scheduling; and 

¢ scheduling requests, indicating that a terminal needs uplink resources for UL-SCH 
transmission. 


There is no information indicating the UL-SCH transport format signaled on the uplink. 
As mentioned in Chapter 8, the eNodeB is in complete control of the uplink UL-SCH 
transmissions and the terminal always follows the scheduling grants received from the 
network, including the UL-SCH transport format specified in those grants. Thus, the network 
knows the transport format used for the UL-SCH transmission in advance and there is no need 
for any explicit transport-format signaling on the uplink. 

Uplink L1/L2 control signaling needs to be transmitted on the uplink regardless of whether 
or not the terminal has any uplink transport-channel data to transmit and thus regardless of 
whether or not the terminal has been assigned any uplink resources for UL-SCH transmission. 
Hence, two different methods are supported for the transmission of the uplink L1/L2 control 
signaling, depending on whether or not the terminal has been assigned an uplink resource for 
UL-SCH transmission: 


¢ Non-simultaneous transmission of UL-SCH and L1/L2 control. If the terminal 
does not have a valid scheduling grant—that is, no resources have been assigned for 
the UL-SCH in the current subframe—a separate physical channel, the Physical 
Uplink Control Channel (PUCCH), is used for transmission of uplink L1/L2 control 
signaling. 

¢ Simultaneous transmission of UL-SCH and LI/L2 control. If the terminal has a valid 
scheduling grant—that is, resources have been assigned for the UL-SCH in the current 
subframe—the uplink L1/L2 control signaling is time multiplexed with the coded 
UL-SCH on to the PUSCH prior to DFT precoding and OFDM modulation. As the 
terminal has been assigned UL-SCH resources, there is no need to support transmission 
of the scheduling request in this case. Instead, scheduling information can be included in 
the MAC headers, as described in Chapter 12. 
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The reason to differentiate between the two cases above is to minimize the cubic 
metric for the uplink power amplifier in order to maximize coverage. However, in situ- 
ations when there is sufficient power available in the terminal, simultaneous transmission 
of PUSCH and PUCCH can be used with no impact on the coverage. The possibility for 
simultaneous PUSCH and PUCCH transmission was therefore introduced in release 10 as 
one part of several features'> adding flexibility at the cost of a somewhat higher 
cubic metric. In situations where this cost is not acceptable, simultaneous PUSCH and 
PUCCH can always be avoided by using the basic mechanism introduced in the first version 
of LTE. 

In the following section, the basic PUCCH structure and the principles for PUCCH control 
signaling are described, followed by control signaling on PUSCH. 


11.4.1 Basic PUCCH structure 


If the terminal has not been assigned an uplink resource for UL-SCH transmission, the L1/L2 
control information (CSI reports, hybrid-ARQ acknowledgements, and scheduling requests) 
is transmitted on uplink resources (resource blocks) specifically assigned for uplink 
L1/L2 control on PUCCH. The bandwidth of one resource block during one subframe is too 
large for the control signaling needs of a single terminal. Therefore, to efficiently 
exploit the resources set aside for control signaling, multiple terminals can share the same 
resource-block pair. 

There is one PUCCH per terminal. As mentioned previously, the PUCCH is transmitted on 
the primary component carrier only. However, as the primary component carrier is specified 
on a per-terminal basis, there may, from a network perspective, be PUCCH resources used on 
multiple component carriers. 

Transmission of control signaling on PUCCH is characterized by the PUCCH format used. 
There are three different PUCCH formats provided, differentiated primarily by the size of the 
supported payload: 


e¢ PUCCH format 1, carrying 0, 1 or 2 bits of information and used for hybrid-ARQ 
acknowledgements and scheduling requests. 

¢ PUCCH format 2, carrying up to 11 bits of control information and used for reporting 
channel-state information. 

e PUCCH format 3, carrying up to 22 bits of control information and used, among other 
things, for multiple hybrid-ARQ acknowledgements. This format was introduced in 
conjunction with carrier aggregation in release 10. 


The detailed structure of each of the different PUCCH formats will be discussed below, 
followed by an overview on how the formats are used in the next section. 


‘Other examples of such features are simultaneous transmission on multiple uplink component carriers and 
uplink multi-cluster transmission. 
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FIGURE 11.22 
PUCCH format 1 (normal cyclic prefix) 


11.4.1.1 PUCCH format 1 

PUCCH format 1,'° for transmission of hybrid-ARQ acknowledgements and scheduling 
requests, is capable of carrying up to two bits of information. The same structure is used in the 
two slots of a subframe as illustrated in Figure 11.22. For transmission of a hybrid-ARQ 
acknowledgement, the one or two hybrid-ARQ acknowledgement bits are used to generate 
a BPSK or QPSK, respectively. For a scheduling request, the same constellation point as for a 
negative acknowledgement is used. The modulation symbol is then used to generate the signal 
to be transmitted in each of the two PUCCH slots. 

Different terminals sharing the same resource-block pair in a subframe are separated by different 
orthogonal phase rotations of a length-12 frequency-domain sequence, where the sequence is 
identical to a length-12 reference-signal sequence. Furthermore, as described in conjunction with the 
reference signals in Section 11.2, a linear phase rotation in the frequency domain is equivalent to 
applying a cyclic shift in the time domain. Thus, although the term “phase rotation”’ is used herein, 
the term cyclic shift is sometimes used with an implicit reference to the time domain. Similarly to the 
case of reference signals, there are up to 12 different phase rotations specified, providing up to 12 
different orthogonal sequences from each base sequence'’. However, in the case of frequency- 
selective channels, not all 12 phase rotations can be used if orthogonality is to be retained. 


There are actually three variants in the LTE specifications, formats 1, la, and 1b, used for transmission of 
scheduling requests and one or two hybrid-ARQ acknowledgements respectively. However, for simplicity, they 
are all referred to as format | herein. 

'7In releases 8 to 10, the base sequence is cell-specific, while release 11 adds the possibility of configuring a 
“virtual cell identity” from which the base sequence is derived. See further the discussion in conjunction with 
uplink reference signals in Section 11.2. 
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Typically, up to six rotations are considered usable in a cell from a radio-propagation perspective, 
although inter-cell interference may result in a smaller number being useful from an overall system 
perspective. Higher-layer signaling is used to configure the number of rotations that are used in a cell. 

There are seven OFDM symbols per slot for a normal cyclic prefix (six in the case of an 
extended cyclic prefix). In each of those seven OFDM symbols, a length-12 sequence, 
obtained by phase rotation of the base sequence as described earlier, is transmitted. Three of 
the symbols are used as reference signals to enable channel estimation by the eNodeB and the 
remaining four'® are modulated by the BPSK/QPSK symbols described earlier. In principle, 
the BPSK/QPSK modulation symbol could directly modulate the rotated length-12 sequence 
used to differentiate terminals transmitting on the same time-frequency resource. However, 
this would result in unnecessarily low capacity on the PUCCH. Therefore, the BPSK/QPSK 
symbol is multiplied by a length-4 orthogonal cover sequence.'? Multiple terminals may 
transmit on the same time-frequency resource using the same phase-rotated sequence and be 
separated through different orthogonal covers. To be able to estimate the channels for the 
respective terminals, the reference signals also employ an orthogonal cover sequence, with 
the only difference being the length of the sequence—three for the case of a normal cyclic 
prefix. Thus, since each base sequence can be used for up to 3 - 12 = 36 different terminals 
(assuming all 12 rotations are available; typically at most six of them are used), there is a 
threefold improvement in the PUCCH capacity compared to the case of no cover sequence. 
The cover sequences are three Walsh sequences of length 4 for the data part and three DFT 
sequences of length 3 for the reference signals. 

A PUCCH format 1 resource, used for either a hybrid-ARQ acknowledgement or a 
scheduling request, is represented by a single scalar resource index. From the index, the phase 
rotation and the orthogonal cover sequence are derived. 

The use of a phase rotation of a base sequence together with orthogonal sequences as 
described earlier provides orthogonality between different terminals in the same cell trans- 
mitting PUCCH on the same set of resource blocks. Hence, in the ideal case, there will be no 
intra-cell interference, which helps improve the performance. However, there will typically be 
inter-cell interference for the PUCCH as the different sequences used in neighboring cells are 
non-orthogonal. To randomize the inter-cell interference, the phase rotation of the sequence 
used in a cell varies on a symbol-by-symbol basis in a slot according to a hopping pattern 
derived from the physical-layer cell identity of the primary carrier. In release 11, the 
randomization can be configured to use the virtual cell identity instead of the physical one. On 
top of this, slot-level hopping is applied to the orthogonal cover and phase rotation to further 
randomize the interference. This is exemplified in Figure 11.23, assuming normal cyclic prefix 


'8The number of symbols used for reference signals and the acknowledgement is a trade-off between channel- 
estimation accuracy and energy in the information part; three symbols for reference symbols and four symbols 
for the acknowledgement have been found to be a good compromise. 

‘In the case of simultaneous SRS and PUCCH transmissions in the same subframe, a length-3 sequence is 
used, thereby making the last OFDM symbol in the subframe available for the sounding reference signal. 
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FIGURE 11.23 


Example of phase rotation and cover hopping for two PUCCH resource indices in two different cells 


and six of 12 rotations used for each cover sequence. To the phase rotation given by the cell- 
specific hopping a slot-specific offset is added. In cell A, a terminal is transmitting on PUCCH 
resource number 3, which in this example corresponds to using the (phase rotation, cover 
sequence) combination (6, 0) in the first slot and (11, 1) in the second slot of this particular 
subframe. PUCCH resource number 11, used by another terminal in cell A transmitting in the 
same subframe, corresponds to (11, 1) and (8, 2) in the first and second slots respectively of 
the subframe. In another cell the PUCCH resource numbers are mapped to different sets 
(rotation, cover sequence) in the slots. This helps to randomize the inter-cell interference. 
For an extended cyclic prefix, the same structure as in Figure 11.19 is used with the 
difference being the number of reference symbols in each slot. In this case, the six OFDM 
symbols in each slot are divided such that the two middle symbols are used for 
reference signals and the remaining four symbols used for the information. Thus, the length of 
the orthogonal sequence used to spread the reference symbols is reduced from 3 to 2 and the 
multiplexing capacity is lower. However, the general principles described above still apply. 


11.4.1.2 PUCCH format 2 
PUCCH format 2, used for CSI reporting, is capable of handling up to 11 information bits per 
subframe.”° Similarly to PUCCH format 1, multiple terminals using the same resource-block 


?0There are actually three variants in the LTE specifications, formats 2, 2a, and 2b, where the last two formats 
are used for simultaneous transmission of CSI reports and hybrid-ARQ acknowledgements, as discussed later 
in this section. However, for simplicity, they are all referred to as format 2 herein. 
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FIGURE 11.24 
PUCCH format 2 (normal cyclic prefix) 


pair in a subframe are separated through different orthogonal phase rotations of a length-12 
sequence, as illustrated for a normal cyclic prefix in Figure 11.24. After block coding using a 
punctured Reed—Miiller code and QPSK modulation, there are 10 QPSK symbols to transmit 
in the subframe: The first five symbols are transmitted in the first slot and the remaining five 
in the last slot. 

Assuming a normal cyclic prefix, there are seven OFDM symbols per slot. Of the seven 
OFDM symbols in each slot, two*! are used for reference-signal transmission to allow 
coherent demodulation at the eNodeB. In the remaining five, the respective QPSK symbol to 
be transmitted is multiplied by a phase-rotated length-12 base sequence and the result is 
transmitted in the corresponding OFDM symbol. For an extended cyclic prefix, where there 
are six OFDM symbols per slot, the same structure is used but with one reference-signal 
symbol per slot instead of two. 

Basing the format 2 structure on phase rotations of the same base sequence as format | is 
beneficial as it allows the two formats to be transmitted in the same resource block. As phase- 
rotated sequences are orthogonal, one rotated sequence in the cell can be used either for one 


?!Similarly to format 1, the number of symbols used for reference signals and the coded channel-quality in- 
formation is a trade-off between channel-estimation accuracy and energy in the information part. Two symbols 
for reference symbols and five symbols for the coded information part in each slot were found to be the best 
compromise. 
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PUCCH instance using format 2 or three PUCCH instances using format 1. Thus, the 
“resource consumption” of one CSI report is equivalent to three hybrid-ARQ acknowl- 
edgements (assuming normal cyclic prefix). Note that no orthogonal cover sequences are used 
for format 2. 

The phase rotations to use in the different symbols for PUCCH format 2 are hopping in a 
similar way as for format 1, motivated by interference randomization. Resources for PUCCH 
format 2 can, similar to format 1, be represented by a scalar index, which can be seen as a 
“channel number.” 


11.4.1.3 PUCCH format 3 

For downlink carrier aggregation, multiple hybrid-ARQ acknowledgement bits need to be fed 
back in the case of simultaneous transmission on multiple component carriers. Although 
PUCCH format 1 with resource selection can be used to handle the case of two downlink 
component carriers, this is not sufficient as a general solution as carrier aggregation of up to 
five component carriers is part of release 10. PUCCH format 3 was therefore introduced in 
release 10 to enable the possibility of transmitting up to 22 bits on PUCCH in an efficient way. 
A terminal capable of more than two downlink component carriers—that is, capable of more 
than four bits for hybrid-ARQ acknowledgements—needs to support PUCCH format 3. For 
such a terminal, PUCCH format 3 can also be used for less than four bits of feedback relating 
to simultaneous transmission on multiple component carriers if configured by higher-layer 
signaling not to use PUCCH format 1 with resource selection. 

The basis for PUCCH format 3, illustrated in Figure 11.25, is DFT-precoded OFDM—that 
is, the same transmission scheme as used for UL-SCH. The acknowledgement bits, one or two 
per downlink component carrier depending on the transmission mode configured for that 
particular component carrier, are concatenated with a bit reserved for scheduling a request 
into a sequence of bits where bits corresponding to unscheduled transport blocks are set to 
zero. Block coding is applied,”” followed by scrambling to randomize inter-cell interference. 
The resulting 48 bits are QPSK-modulated and divided into two groups, one per slot, of 12 
QPSK symbols each. 

Assuming a normal cyclic prefix, there are seven OFDM symbols per slot. Similarly to 
PUCCH format 2, two OFDM symbols (one in the case of an extended cyclic prefix) in each 
slot are used for reference signal transmission, leaving five symbols for data transmission. In 
each slot, the block of 12 DFT-precoded QPSK symbols is transmitted in the five available 
DFTS-OFDM symbols. To further randomize the inter-cell interference, a cyclic shift of the 
12 inputs to the DFT, varying between OFDM symbols in a cell-specific manner, is applied to 
the block of 12 QPSK symbols prior to DFT precoding (in release 11, the cyclic shift can be 
based on the virtual cell identity instead of the physical one). 


22 (32,k) Reed-Muller code is used, but for 12 or more bits in TDD two Reed-Miiller codes are used in 
combination. 
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FIGURE 11.25 
PUCCH format 3 (normal cyclic prefix) 


To increase the multiplexing capacity, a length-5 orthogonal sequence is used with each of 
the five OFDM symbols carrying data in a slot being multiplied by one element of the 
sequence. Thus, up to five terminals may share the same resource-block pair for PUCCH 
format 3. Different length-5 sequences are used in the two slots to improve the performance in 
high-Doppler scenarios. To facilitate channel estimation for the different transmissions 
sharing the same resource block, different reference-signal sequences are used. 

The length-5 orthogonal cover sequences are obtained as five DFT sequences. There is 
also the possibility to use a length-4 Walsh sequence for the second slot in order to leave the 
last OFDM symbol unused for the case when sounding is configured in the subframe. 

In the same manner as for the other two PUCCH formats, a resource can be represented by a 
single index from which the orthogonal sequence and the resource-block number can be derived. 

Note that, due to the differences in the underlying structure of PUCCH format 3 compared 
to the other two formats, resource blocks cannot be shared between format 3 and the other two 
formats. 
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11.4.1.4 Resource-block mapping for PUCCH 

The signals described for all three of the PUCCH formats are, as already explained, 
transmitted on a resource-block pair. The resource-block pair to use is determined 
from the PUCCH resource index. Multiple resource-block pairs can be used to increase the 
control-signaling capacity in the cell; when one resource-block pair is full, the next PUCCH 
resource index is mapped to the next resource-block pair in sequence. 

The resource-block pair where a PUCCH is transmitted is located at the edges of the 
bandwidth allocated to the primary component carrier,”* as illustrated in Figure 11.26. To 
provide frequency diversity, frequency hopping on the slot boundary is used—that is, one 
“frequency resource” consists of 12 subcarriers at the upper part of the spectrum within the 
first slot of a subframe and an equally sized resource at the lower part of the spectrum during 
the second slot of the subframe (or vice versa). 

The reasons for locating the PUCCH resources at the edges of the overall available 
spectrum are twofold: 


¢ Together with the frequency hopping described previously, this maximizes the frequency 
diversity experienced by the control signaling. 

¢ Assigning uplink resources for the PUCCH at other positions within the spectrum—that 
is, not at the edges—would have fragmented the uplink spectrum, making it impossible 
to assign very wide transmission bandwidths to a single terminal and still preserve the 
low-cubic-metric properties of the uplink transmission. 


The resource-block mapping is in principle done such that PUCCH format 2 
(CSI reports) is transmitted closest to the edges of the uplink cell bandwidth with PUCCH 


tpt 1 ms subframe Sate 


FIGURE 11.26 
Uplink L1/L2 control signaling transmission on PUCCH 


°3Note that the primary component carrier in the uplink is specified on a per-terminal basis. Hence, different 
terminals may view different carriers as their primary component carrier. 
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FIGURE 11.27 


Allocation of resource blocks for PUCCH 


- 


format 1 (hybrid-ARQ acknowledgements, scheduling requests) next, as illustrated in 
Figure 11.27. The location of PUCCH format 3 is configurable and it can, for example, be 
located between formats 1 and 2. A semi-static parameter, provided as part of the system 
information, controls on which resource-block pair the mapping of PUCCH format 1 starts. 
Furthermore, the semi-statically configured scheduling requests are located at the outermost 
parts of the format | resources, leaving dynamic acknowledgements closest to the data. As the 
amount of resources necessary for hybrid-ARQ acknowledgements varies dynamically, this 
maximizes the amount of contiguous spectrum available for PUSCH. 

In many scenarios, the configuration of the PUCCH resources can be done such that the 
three PUCCH formats are transmitted on separate sets of resource blocks. However, for 
the smallest cell bandwidths, this would result in too high an overhead. Therefore, it is 


PUCCH resource (1 of 4) 


Hybrid-ARQ 

acknowledgements Resource 
selection 

(4 bits) 


PUCCH content (2 bits) 


Number of first 
(E)CCE in (E)PDCCH 


List of semi-statically 
configured PUCCH resources 


ARI field in (E)PDCCH > 


FIGURE 11.28 


Example illustration of resource selection using PUCCH format 1 for carrier aggregation 
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Table 11.3 Usage of Different PUCCH Formats for Different Pieces of Information (the 
Superscripts 10 and 11 Denote the First Release Supporting this Combination) 


PUCCH Format 
Format 1 
Information Selection Bundling Format 2 Format 3 


ACK 210 
SR 

SR + ACK 

CSI 

CSI + ACK 

CSI + SR 

CSI + SR + ACK 


possible to mix PUCCH formats 1 and 2 in one of the resource-block pairs—for example, in 
Figure 11.27 this is the case for the resource-block pair denoted “2.” Although this mixture is 
primarily motivated by the smaller cell bandwidths, it can equally well be used for the 
larger cell bandwidths. In the resource-block pair where PUCCH formats 1 and 2 are mixed, 
the set of possible phase rotations are split between the two formats. Furthermore, some of the 
phase rotations are reserved as “guard,” hence the efficiency of such a mixed resource-block 
pair is slightly lower than a resource-block pair carrying only one of the first two PUCCH 
formats. 


11.4.2 Uplink control signaling on PUCCH 


Having described the three PUCCH formats, the details on how these different formats are 
used to convey uplink control information can be discussed. As already mentioned, uplink 
control signaling on PUCCH can in principle be any combination of hybrid-ARQ ac- 
knowledgements (ACK), channel-state information (CSI), and scheduling requests (SR). 
Depending on whether these pieces of information are transmitted alone or in combination, 
different PUCCH formats and mechanisms are used, as summarized in Table 11.3. In prin- 
ciple, simultaneous transmission of multiple control signaling messages from a single ter- 
minal could use multiple PUCCHs. However, this would increase the cubic metric, and a 
single PUCCH structure supporting simultaneous transmission of multiple feedback signals 
is used instead. 


11.4.2.1 Hybrid-ARQ acknowledgements 

Hybrid-ARQ acknowledgements are used to acknowledge receipt of one (or two in the case of 
spatial multiplexing) transport blocks on the DL-SCH. PUCCH format 1 is used in absence 
of carrier aggregation but can also support carrier aggregation of up to two downlink 
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carriers—that is, up to four acknowledgement bits—as discussed below. PUCCH format 3 is 
used for more than four acknowledgements bits. 

The hybrid-ARQ acknowledgement is only transmitted when the terminal correctly 
received control signaling related to DL-SCH transmission intended for this terminal on an 
PDCCH or EPDCCH. If no valid DL-SCH-related control signaling is detected, then nothing 
is transmitted on the PUCCH (that is, DTX). Apart from not unnecessarily occupying 
PUCCH resources that can be used for other purposes, this allows the eNodeB to perform 
three-state detection, ACK, NAK, or DTX, on the PUCCH received when using PUCCH 
format 1. Three-state detection is useful as NAK and DTX may need to be treated differently. 
In the case of NAK, retransmission of additional parity bits is useful for incremental 
redundancy, while for DTX the terminal has most likely missed the initial transmission of 
systematic bits and a better alternative than transmitting additional parity bits is to retransmit 
the systematic bits. 

Transmission of one or two hybrid-ARQ acknowledgement bits uses PUCCH format 1. As 
mentioned in Section 11.4.1.1, a PUCCH resource can be represented by an index. How to 
determine this index depends on the type of information and whether the PDCCH or the 
EPDCCH was used to schedule the downlink data transmission. 

For PDCCH-scheduled downlink transmissions, the resource index to use for a hybrid-ARQ 
acknowledgement is given as a function of the first CCE in the PDCCH used to schedule the 
downlink transmission to the terminal. In this way, there is no need to explicitly include in- 
formation about the PUCCH resources in the downlink scheduling assignment, which of course 
reduces overhead. Furthermore, as described in Chapter 12, hybrid-ARQ acknowledgements 
are transmitted a fixed time after the reception of a DL-SCH transport block, and when to 
expect a hybrid ARQ on the PUCCH is therefore known to the eNodeB. 

For EPDCCH-scheduled transmissions, the index of the first ECCE in the EPDCCH 
cannot be used alone. Since the ECCE numbering is configured per terminal and therefore is 
terminal-specific, two different terminals with control signaling on different resource blocks 
may have the same number of the first ECCE in the EPDCCH. Therefore, the ACK/NAK 
resource offset (ARO) being part of the EPDCCH information (see Section 10.4.6) is used in 
addition to the index of the first ECCE to determine the PUCCH resource. In this way, 
PUCCH collisions between two terminals scheduled with EPDCCH can be avoided. 

In addition to dynamic scheduling by using the (E)PDCCH, there is also, as described in 
Chapter 13, the possibility to semi-persistently schedule a terminal according to a specific 
pattern. In this case there is no PDCCH or EPDCCH to derive the PUCCH resource index 
from. Instead, the configuration of the semi-persistent scheduling pattern includes informa- 
tion on the PUCCH index to use for the hybrid-ARQ acknowledgement. In either of these 
cases, a terminal is using PUCCH resources only when it has been scheduled in the downlink. 
Thus, the amount of PUCCH resources required for hybrid-ARQ acknowledgements does 
not necessarily increase with an increasing number of terminals in the cell, but, 
for dynamic scheduling, is rather related to the number of CCEs in the downlink control 
signaling. 
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The description above addressed the case of downlink carrier aggregation not being used. 
For downlink carrier aggregation, introduced in release 10, there can be multiple simulta- 
neous DL-SCHs scheduled for a single terminal, one per downlink component carrier, 
and, consequently, multiple acknowledgement bits need to be conveyed in the uplink (one, 
or two in the case of spatial multiplexing, per downlink component carrier). PUCCH format 
1 can be used to support more than two bits in the uplink by using resource selection where 
parts of the information are conveyed by the PUCCH resource selected, and parts by the bits 
transmitted on the selected resource. The details on how to select the resources are rather 
complex and depend on the duplexing scheme (FDD or TDD) and whether cross-carrier 
scheduling is used or not, although the basic idea is the same. 

As an example, assume FDD with no cross-carrier scheduling. Furthermore, assume four 
bits are to be transmitted in the uplink—that is, there are 16 possible combinations of positive 
and negative acknowledgements. For each of these 16 combinations, one PUCCH resource 
out of four possible resources is selected and upon this resource two bits are transmitted. 
Thus, to convey a total of four bits, there are four candidate PUCCH resources for each of the 
16 combinations. 

Two of the PUCCH candidate resources to select from are derived from the first (E)CCE 
using the same rule as in absence of carrier aggregation (assuming that the scheduling 
assignment is transmitted on, and relating to, the primary component carrier). The remaining 
two candidate resources are obtained by the acknowledgement resource indicator (ARI, see 
Section 10.4.6) on the (E)PDCCH pointing to a list of semi-statically configured PUCCH 
resources. For transmissions scheduled by the EPDCCH, the acknowledgement resource 
offset (ARO) is also included in the determination of the PUCCH resources. By setting the 
ARO appropriately, the scheduler can ensure that multiple terminals use non-colliding 
PUCCH resources. In presence of cross-carrier scheduling, all four resources are semi- 
statically configured, and the ARI is not used. 

For more than four bits, resource selection is less efficient and PUCCH format 3, intro- 
duced in release 10, is used. In PUCCH format 3, the set of multiple hybrid-ARQ 
acknowledgement bits (up to 10 or 20 bits for FDD or TDD, respectively, plus one bit 
reserved for scheduling requests) are jointly coded and transmitted as described in Section 
11.4.1.3. Not all terminals support PUCCH format 3, but for those that do support it, it can be 
used also for smaller numbers of acknowledgement bits. The PUCCH resource to use is 
determined by the ARI. A terminal can be configured with four different resources for 
PUCCH format 3 using RRC signaling. In the scheduling grant for a secondary carrier, the 
ARI informs the terminal which of the four resources to use. In this way, the scheduler can 
avoid PUCCH collisions between different terminals by assigning them to different 
resources. 


11.4.2.2 Scheduling request 
Scheduling requests are used to request uplink resources for data transmission. A sched- 
uling request should only be transmitted when the terminal is requesting resources; 
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otherwise, the terminal should be silent to save battery resources and not create unnecessary 
interference. 

Unlike the hybrid-ARQ acknowledgements, whose occurrence is known to the eNodeB 
from the downlink scheduling decisions, the need for uplink resources for a certain terminal 
is in principle unpredictable by the eNodeB. One way to handle this would be to have 
a contention-based mechanism for requesting uplink resources. The random-access mecha- 
nism is based on this principle and can, to some extent, also be used for scheduling requests, 
as discussed in Chapter 13. Contention-based mechanisms typically work well for low in- 
tensities, but for higher scheduling-request intensities, the collision rate between different 
terminals simultaneously requesting resources becomes too large. Therefore, LTE provides a 
contention-free scheduling-request mechanism on the PUCCH, where each terminal in the 
cell is given a reserved resource on which it can transmit a request for uplink resources. 
Unlike hybrid-ARQ acknowledgements, no explicit information bit is transmitted by the 
scheduling request; instead the information is conveyed by the presence (or absence) of 
energy on the corresponding PUCCH. However, the scheduling request, although used for a 
completely different purpose, shares the same PUCCH format as the hybrid-ARQ 
acknowledgement, namely PUCCH format 1. 

The contention-free scheduling-request resource is represented by a PUCCH format 1 
resource index as described earlier, occurring at every nth subframe. The more frequently 
these time instants occur, the lower the scheduling-request delay at the cost of higher PUCCH 
resource consumption. As the eNodeB configures all the terminals in the cell, when and on 
which resources a terminal can request resources is known to the eNodeB. A single sched- 
uling request resource is also sufficient for the case of carrier aggregation, as it only repre- 
sents a request for uplink resources, which is independent of whether carrier aggregation is 
used or not. 


11.4.2.3 Hybrid-ARQ acknowledgements and scheduling request 
The discussion in the previous two sections concerned transmission of either a hybrid-ARQ 
acknowledgement or a scheduling request. However, there are situations when the terminal 
needs to transmit both of them. 

If PUCCH format | is used for the acknowledgements, simultaneous transmission of the 
acknowledgements and scheduling request is handled by transmitting the hybrid-ARQ 
acknowledgement on the scheduling-request resource (see Figure 11.29). This is possible 


Acknowledgement reSOUlC© pq 
Scheduling request resource —?————— 


Acknowledgement on 
scheduling request resource 


Subframe with scheduling request only Subframe with acknowledgement and no Subframe with acknowledgement and 
scheduling request scheduling request 


FIGURE 11.29 


Multiplexing of scheduling request and hybrid-ARQ acknowledgement from a single terminal 
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as the same PUCCH structure is used for both of them and the scheduling request carries no 
explicit information. By comparing the amount of energy detected on the acknowledgement 
resource and the scheduling-request resource for a specific terminal, the eNodeB can 
determine whether the terminal is requesting uplink data resources or not. Once the PUCCH 
resource used for transmission of the acknowledgement is detected, the hybrid-ARQ 
acknowledgement can be decoded. Other, more advanced methods jointly decoding hybrid 
ARQ and scheduling request can also be envisioned. 

Channel selection, which is a way to transmit up to four acknowledgements on PUCCH in 
absence of a simultaneous scheduling request, cannot be used for joint transmission of ac- 
knowledgements and scheduling request. Instead, up to four acknowledgement bits are 
bundled (combined) into two bits that are transmitted, as described in the previous paragraph. 
Bundling implies that two or more acknowledgement bits are combined into a smaller 
number of bits. In essence, one acknowledgement bit represents the decoding outcome of 
multiple transport blocks, and all these transport blocks need to be retransmitted as soon as 
one of them is incorrectly received. 

If the hybrid-ARQ acknowledgement is transmitted using PUCCH format 3, the sched- 
uling request is encoded jointly with the acknowledgement bits by setting the bit reserved for 
scheduling requests in PUCCH format 3 to one. No bundling is needed in this case. 


11.4.2.4 Channel-state information 

CSI reports, the contents of which are discussed in Chapter 13, are used to provide the 
eNodeB with an estimate of the downlink radio-channel properties as seen from the terminal 
to aid channel-dependent scheduling. A CSI report consists of multiple bits transmitted in one 
subframe. There are two types of CSI reports: 


¢ Periodic reports, occurring at regular time instants 
¢ Aperiodic reports, triggered by downlink control signaling on the PDCCH or EPDCCH 


Aperiodic reports can only be transmitted on PUSCH as described later in Section 11.4.3, 
while periodic reports can be transmitted on PUCCH using PUCCH format 2. 

A PUCCH format 2 resource is represented by an index and higher-layer signaling is 
used to configure each terminal with a resource to transmit its CSI report on, as well as 
when those reports should be transmitted. Hence, the eNodeB has full knowledge of when 
and on which resources each of the terminals will transmit channel-state information on 
PUCCH. 

Periodic CSI reports in combination with carrier aggregation are provided for by trans- 
mitting multiple periodic reports, one per component carrier, offset in time such that reports 
for two different component carriers do not collide. 


11.4.2.5 Hybrid-ARQ acknowledgements and channel-state information 
Transmission of data in the downlink implies transmission of hybrid-ARQ acknowledge- 
ments in the uplink. At the same time, since data is transmitted in the downlink, up-to-date 
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channel-state information is beneficial to optimize the downlink transmissions. Hence, 
simultaneous transmission of hybrid-ARQ acknowledgements and channel-state information 
is supported by LTE. 

The handling of simultaneous transmission of acknowledgements and a CSI report de- 
pends on the number of acknowledgement bits as well as higher-layer configuration. There is 
also the possibility to configure the terminal to drop the CSI report and only transmit the 
acknowledgements. 

The basic way of supporting transmission of one or two acknowledgements simulta- 
neously with channel-state information, part of releases 8 and later, is based on PUCCH 
format 2, although the detailed solution differs between the two. 

For a normal cyclic prefix, each slot in PUCCH format 2 has two OFDM symbols used for 
reference signals. When transmitting a hybrid-ARQ acknowledgement at the same time as the 
CSI report, the second reference signal in each slot is modulated by the acknowledgement, as 
illustrated in Figure 11.30a. Either BPSK or QPSK is used, depending on whether one or two 
acknowledgement bits are to be fed back. The fact that the acknowledgement is superimposed 
on the reference signal needs to be accounted for at the eNodeB. One possibility is to decode 
the acknowledgement bit(s) modulated on to the second reference symbol using the first 
reference symbol for channel estimation. Once the acknowledgement bit(s) have been 
decoded, the modulation imposed on the second reference symbol can be removed and 
channel estimation and decoding of the CSI report can be handled in the same way as in the 
absence of simultaneous hybrid-ARQ acknowledgement. This two-step approach works well 
for low to medium Doppler frequencies; for higher Doppler frequencies, the acknowledge- 
ment and CSI reports are preferably decoded jointly. 

For an extended cyclic prefix, there is only a single reference symbol per slot. Hence, it is 
not possible to overlay the hybrid-ARQ acknowledgement on the reference symbol. Instead, 


One/two bits hybrid-ARQ acknowledgement Channel-status report One/two bits hybrid-ARQ acknowledgement Channel-status report 
t 


BPSK/ 
QPSK 


(a) (b) 
FIGURE 11.30 


Simultaneous transmission of channel-state information and hybrid-ARQ acknowledgements: 
(a) normal cyclic prefix and (b) extended cyclic prefix 
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the acknowledgement bit(s) are jointly coded with the CSI report prior to transmission using 
PUCCH format 2, as illustrated in Figure 11.30b. 

The time instances for which to expect CSI reports and hybrid-ARQ acknowledgements 
are known to the eNodeB, which therefore knows whether to expect a hybrid-ARQ 
acknowledgement along with the CSI report or not. If the (E)PDCCH assignment is 
missed by the terminal, then only the CSI report will be transmitted, as the terminal is not 
aware that it has been scheduled. In the absence of a simultaneous CSI report, the eNodeB can 
employ DTX detection to discriminate between a missed assignment and a failed decoding of 
downlink data. However, one consequence of the structures described above is that DTX 
detection is cumbersome, if not impossible. This implies that incremental redundancy needs 
to be operated with some care if the eNodeB has scheduled data such that the acknowl- 
edgement occurs at the same time as a CSI report. As the terminal may have missed the 
original transmission attempt in the downlink, it may be preferable for the eNodeB to select 
the redundancy version of the retransmission such that systematic bits are also included in the 
retransmission. 

One possibility to circumvent this is to configure the terminal to drop the CSI report in the 
case of simultaneous transmission of a hybrid-ARQ acknowledgement. In this case, the 
eNodeB can detect DTX as the acknowledgement can be transmitted using PUCCH format 1 
as described earlier. There will be no CSI report sent in this case, which needs to be taken into 
account in the scheduling process. 

For a larger number of acknowledgements in case of carrier aggregation, PUCCH format 3 
can be used to transmit the acknowledgements. In release 10, simultaneous transmission of 
channel-state information and acknowledgements on PUCCH format 3 is not supported and 
the CSI report is dropped. Release 11, on the other hand, provides support for simultaneous 
transmission of acknowledgements and periodic CSI reports. The CSI bits are in this case 
concatenated with the acknowledgement bits and the scheduling request bit and transmitted 
using PUCCH format 3. The PUCCH resource to use is determined by the ARI in the 
downlink control signaling, which selects the resource to use from a set of four resources 
preconfigured in the terminal by RRC signaling. 

If the number of concatenated bits is larger than 22 bits (the maximum payload of PUCCH 
format 3), bundling of the acknowledgement bits are applied prior to concatenation in order to 
reduce the payload size. In case the payload still is larger than 22 bits, then the CSI is dropped 
and the acknowledgements (and potentially scheduling request) are transmitted as previously 
described. The process of bundling and dropping in case of a too large payload is illustrated in 
Figure 11.31. 


11.4.2.6 Scheduling request and channel-state information 

The eNodeB is in control of when a terminal may transmit a scheduling request and when the 
terminal should report the channel state. Hence, simultaneous transmission of scheduling 
requests and channel-state information can be avoided by proper configuration. If this is 
not done, the terminal drops the CSI report and transmits the scheduling request 
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FIGURE 11.31 


Multiplexing of acknowledgements, scheduling request and CSI in release 11 


only. Missing a CSI report is not detrimental and only incurs some degradation in 
the scheduling and rate-adaptation accuracy, whereas the scheduling request is critical for 
uplink transmissions. 


11.4.2.7 Hybrid-ARQ acknowledgements, channel-state information, and 
scheduling request 

For terminals not supporting or configured to use PUCCH format 3, simultaneous trans- 
mission of acknowledgements, channel-state information, and scheduling request is handled 
similarly to the description in the previous section; the CSI report is dropped and the ac- 
knowledgements and scheduling request are multiplexed as previously described in Section 
11.4.2.3. However, terminals that are using PUCCH format 3 for multiple acknowledgements 
support simultaneous transmission of all three pieces of information. Since there is a bit 
reserved for scheduling requests in PUCCH format 3, the transmission structure is no 
different from the case of simultaneous transmission of acknowledgements and CSI reports 
described in Section 11.4.2.5. 
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11.4.3 Uplink L1/L2 control signaling on PUSCH 


If the terminal is transmitting data on PUSCH—that is, has a valid scheduling grant in the 
subframe—control signaling is time multiplexed** with data on the PUSCH instead of using 
the PUCCH (in release 10, simultaneous PUSCH and PUCCH can be used, avoiding the need 
for control signaling on PUSCH for most cases at the cost of a somewhat worse cubic 
metric). Only hybrid-ARQ acknowledgements and CSI reports are transmitted on the 
PUSCH. There is no need to request a scheduling grant when the terminal is already 
scheduled; instead, in-band buffer-status reports are sent as part of the MAC headers, as 
described in Chapter 13. 

Time multiplexing of CSI reports and hybrid-ARQ acknowledgements is illustrated in 
Figure 11.32. However, although they both use time multiplexing there are some differences 


7 DFTS-OFDM ____ 
er {modulator ‘ 
Turbo Rate QPSK, ' ! 
Ub=SCH coding Matching 16/64QAM H H 
‘ Conv. |! Rate 1 yiOPSK, H 
Cal, PMI ="! “Coding } "| Matching # “"H1ere4aamy | Mux |, y | — 
| Punct, ' 
care emote Geeeeeneey 1 i ' 
; t Block 4 i Rate 4 q h 1 t Hl 
Rank Indicator ----1 ‘ --- t-->1 QPSK > f ' ! 
mcodbom «6c | ae = CS I ee 
1 t ' 
Hybrid-ARQ ae cc: ee (QPSK, — 
acknowledgement 1 coding |} "116/64QAM 
Data Reference signal 


«te Precoding Matrix Indicator 


axe’ Rank Indicator 


Hybrid-ARQ acknowledgement 
1 ms subframe 


aastecas 

Roy 

ee 

1 Ke Chanel-Quality Indicator, 
i ” 

il 


FIGURE 11.32 
Multiplexing of control and data onto PUSCH 


*4Tn the case of spatial multiplexing, the CQI/PMI is time multiplexed with one of the codewords, implying that 
it is spatially multiplexed with the other codeword. 
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in the details for the two types of uplink L1/L2 control signaling motivated by their different 
properties. 

The hybrid-ARQ acknowledgement is important for proper operation of the downlink. For 
one and two acknowledgements, robust QPSK modulation is used, regardless of the modu- 
lation scheme used for the data, while for a larger number of bits the same modulation scheme 
as for the data is used. Channel coding for more than two bits is done in the same way as for 
the PUCCH and bundling is applied if the number of bits exceeds 20—that is, two transport 
blocks on the same component carrier share a single bit instead of having independent bits. 
Furthermore, the hybrid-ARQ acknowledgement is transmitted near to the reference symbols 
as the channel estimates are of better quality close to the reference symbols. This is especially 
important at high Doppler frequencies, where the channel may vary during a slot. Unlike the 
data part, the hybrid-ARQ acknowledgement cannot rely on retransmissions and strong 
channel coding to handle these variations. 

In principle, the eNodeB knows when to expect a hybrid-ARQ acknowledgement from the 
terminal and can therefore perform the appropriate demultiplexing of the acknowledgement 
and the data part. However, there is a certain probability that the terminal has missed the 
scheduling assignment on the downlink control channels (PDCCH or EPDCCH), in which 
case the eNodeB will expect a hybrid-ARQ acknowledgement while the terminal will not 
transmit one. If the rate-matching pattern was to depend on whether an acknowledgement is 
transmitted or not, all the coded bits transmitted in the data part could be affected by a missed 
assignment, which is likely to cause the UL-SCH decoding to fail. To avoid this error, the 
hybrid-ARQ acknowledgements are therefore punctured into the coded UL-SCH bit stream. 
Thus, the non-punctured bits are not affected by the presence/absence of hybrid-ARQ ac- 
knowledgements and the problem of a mismatch between the rate matching in the terminal 
and the eNodeB is avoided. 

The contents of the CSI reports are described in Chapter 13; at this stage it suffices to 
note that a CSI report consists of Channel-Quality Indicator (CQI), Precoding Matrix 
Indicator (PMI), and Rank Indicator (RI). The CQI and PMI are time multiplexed with the 
coded data bits from PUSCH and transmitted using the same modulation as the data part. 
CSI reports are mainly useful for low-to-medium Doppler frequencies for which the radio 
channel is relatively constant, hence the need for special mapping is less pronounced. The 
RI, however, is mapped differently than the CQI and PMI; as illustrated in Figure 11.32, 
the RI is located near to the reference symbols using a similar mapping as the hybrid-ARQ 
acknowledgements. The more robust mapping of the RI is motivated by the fact that 
the RI is required in order to correctly interpret the CQI/PMI. The CQI/PMI, on the other 
hand, is simply mapped across the full subframe duration. Modulation-wise, the RI uses 
QPSK. 

For uplink spatial multiplexing, in which case two transport blocks are transmitted 
simultaneously on the PUSCH, the CQI and PMI are multiplexed with the coded 
transport block using the highest modulation-and-coding scheme, followed by applying 
the multiplexing scheme described above per layer (Figure 11.33). The intention behind 
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CQI/PMI on one or two layers only 


Hybrid-ARQ acknowledgements 
and RI on all layers 


FIGURE 11.33 
Multiplexing of CQI/PMI, RI and hybrid-ARQ acknowledgements in case of uplink spatial multiplexing 


this approach is to transmit the CQI and PMI on the (one or two) layers with the best 
quality.?° 

The hybrid-ARQ acknowledgements and the rank indicator are replicated across all 
transmission layers and multiplexed with the coded data in each layer in the same way as the 
single layer case described above. The bits may, though, have been scrambled differently on 
the different layers. In essence, as the same information is transmitted on multiple layers with 
different scrambling, this provides diversity. 

The basis for CSI reporting on the PUSCH is aperiodic reports, where the eNodeB re- 
quests a report from the terminal by setting the CSI request bit in the scheduling grant, as 
mentioned in Chapter 10. UL-SCH rate matching takes the presence of the CSI reports into 
account; by using a higher code rate a suitable number of resource elements is made available 
for transmission of the CSI report. Since the reports are explicitly requested by the eNodeB, 
their presence is known and the appropriate rate de-matching can be done at the receiver. If 
one of the configured transmission instances for a periodic report coincides with the terminal 
being scheduled on the PUSCH, the periodic report is “rerouted” and transmitted on the 
PUSCH resources. Also, in this case there is no risk of mismatch in rate matching; 


*5 Assuming the MCS follows the channel quality, this holds for one, two, and four layers, but not necessarily 
for three layers. 
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the transmission instants for periodic reports are configured by robust RRC signaling and the 
eNodeB knows in which subframes such reports will be transmitted. 

The channel coding of the CSI reports depends on the report size. For the smaller sizes 
such as a periodic report that otherwise would have been transmitted on the PUCCH, the same 
block coding as used for the PUCCH reports is used. For the larger reports, a tail-biting 
convolutional code is used for CQI/PMI, whereas the RI uses a (3, 2) block code for a sin- 
gle component carrier. 

Unlike the data part, which relies on rate adaptation to handle different radio conditions, this 
cannot be used for the L1/L2 control-signaling part. Power control could, in principle, be used 
as an alternative, but this would imply rapid power variations in the time domain, which 
negatively impact the RF properties. Therefore, the transmission power is kept constant over the 
subframe and the amount of resource elements allocated to L1/L2 control signaling—that is, the 
code rate of the control signaling—is varied according to the scheduling decision for the data 
of the data part. High data rates are typically scheduled when the radio conditions are advan- 
tageous and hence a smaller amount of resource needs to be used by the L1/L2 control signaling 
compared to the case of poor radio conditions. To account for different hybrid-ARQ operating 
points, an offset between the code rate for the control-signaling part and the modulation-and- 
coding scheme used for the data part can be configured via higher-layer signaling. 

For carrier aggregation, control signaling is time multiplexed on one uplink component 
carrier only—that is, uplink control information cannot be split across multiple uplink 
component carriers. Apart from the aperiodic CSI reports, which are transmitted upon 
the component carrier that triggered the report, the primary component carrier is used for 
uplink control signaling if scheduled in the same subframe, otherwise one of the secondary 
component carriers is used. 


11.5 Uplink power control 


Uplink power control for LTE is the set of algorithms and tools by which the transmit powers 
for different uplink physical channels and signals are controlled to ensure that they, to the extent 
possible, are received with the appropriate power. This means that the transmission should be 
received with sufficient power to allow for proper demodulation of the corresponding infor- 
mation. At the same time, the transmit power should not be unnecessarily high, as that would 
cause unnecessary interference to other transmissions in the same or other cells. The transmit 
power will thus depend on the channel properties, including the channel attenuation and the 
noise and interference level at the receiver side. Furthermore, in the case of DL-SCH trans- 
mission on PDSCH, if the received power is too low, one can either increase the transmit power 
or reduce the data rate by use of rate control. Thus, for PUSCH transmission there is an intimate 
relation between power control and the link adaptation (rate control). 

How to set the transmit power for random access will be discussed in Chapter 14. Here we 
will mainly discuss the power-control mechanism for the PUCCH and PUSCH physical 
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channels. We will also briefly discuss the power setting for sounding reference signals (SRS). 
Uplink demodulation reference signals are always transmitted together and time-multiplexed 
with PUSCH or PUCCH. The demodulation reference signals are then transmitted with the 
same power as the corresponding physical channel. This is also true in the case of uplink 
spatial multiplexing if the reference signal power is defined as the total power of all 
demodulation reference signals transmitted by the terminal. Expressed differently, the power 
of a single demodulation reference signal is equal to the corresponding per-layer PUSCH 
power. 

Fundamentally, LTE uplink power control is a combination of an open-loop mechanism, 
implying that the terminal transmit power depends on estimates of the downlink path loss, and 
a closed-loop mechanism, implying that the network can, in addition, directly adjust the 
terminal transmit power by means of explicit power-control commands transmitted on the 
downlink. In practice, these power-control commands are determined based on prior network 
measurements of the received uplink power, thus the term “closed loop.” 


11.5.1 Uplink power control: Some basic rules 


Before going into the details of the power control algorithms for PUSCH and PUCCH, some 
basic rules for the power assignment to different physical channels will be discussed. These 
rules mainly deal with the presence of different transmit-power limitations and how these 
limitations impact the transmit-power setting for different physical channels. This is espe- 
cially of interest in the case of the simultaneous transmission of multiple physical channels 
from the same terminal, a situation that may occur for LTE releases 10 and beyond: 


¢ Release 10 introduced the possibility for carrier aggregation, implying that multiple 
PUSCH may be transmitted in parallel on different component carriers. 

¢ Release 10 also introduced the possibility for simultaneous PUSCH/PUCCH 
transmission on the same or different component carriers. 


In principle, each physical channel is separately and independently power controlled. 
However, in the case of multiple physical channels to be transmitted in parallel from the 
same terminal, the total power to be transmitted for all physical channels may, in some 
cases, exceed the maximum terminal output power Pryjax corresponding to the terminal 
power class. As will be seen below, the basic strategy is then to first ensure that transmission 
of any L1/L2 control signaling is assigned the power assumed to be needed for reliable 
transmission. The remaining available power is then assigned to the remaining physical 
channels. 

For each uplink component carrier configured for a terminal, there is also an associated 
and explicitly configured maximum per-carrier transmit power PcMax,c, Which may be 
different for different component carriers (indicated by the index c). Furthermore, although it 
does not make sense for Pcmax,c to exceed the maximum terminal output power Prax, the 
sum of Pcmax.c for all configured component carriers may very well, and typically will, 
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exceed Pryax. The reason is that, in many cases, the terminal will not be scheduled for 
uplink transmission on all its configured component carriers, and the terminal should also in 
that case be able to transmit with its maximum output power. 

As will be seen in the next sections, the power control of each physical channel explicitly 
ensures that the total transmit power for a given component carrier does not exceed Pcmax,c 
for that carrier. However, the separate power-control algorithms do not ensure that the total 
transmit power for all component carriers to be transmitted by the terminal does not exceed 
the maximum terminal output power Pryax. Rather, this is ensured by a subsequent power 
scaling applied to the physical channels to be transmitted. This power scaling is carried out in 
such a way that any L1/L2 control signaling has higher priority, compared to data (UL-SCH) 
transmission. 

If PUCCH is to be transmitted in the subframe, it is first assigned the power determined by 
its corresponding power-control algorithm, before any power is assigned to any PUSCH to 
be transmitted in parallel PUCCH. This ensures that L1/L2 control signaling on PUCCH 
is assigned the power assumed to be needed for reliable transmission before any power is 
assigned for data transmission. 

If PUCCH is not transmitted in the subframe but L1/L2 control signaling is multiplexed on 
to PUSCH, the PUSCH carrying the L1/L2 control signaling is first assigned the power 
determined by its corresponding power-control algorithm, before any power is assigned to 
any other PUSCH to be transmitted in parallel. Once again, this ensures that L1/L2 control 
signaling is assigned the power assumed to be needed before any power is assigned for other 
PUSCH transmissions only carrying UL-SCH. Note that, in the case of transmission of 
multiple PUSCH in parallel (carrier aggregation), at most one PUSCH may include L1/L2 
control signaling. Also, there cannot be PUCCH transmission and L1/L2 control signaling 
multiplexed on to PUSCH in the same subframe. Thus, there will never be any conflict 
between these rules. 

If the remaining available transmit power is not sufficient to fulfill the power requirements 
of any remaining PUSCH to be transmitted, the powers of these remaining physical channels, 
which only carry UL-SCH, are scaled so that the total power for all physical channels to be 
transmitted does not exceed the maximum terminal output power. 

Overall, the PUSCH power scaling, including the priority for PUSCH with L1/L2 control 
signaling, can thus be expressed as: 


SS we*Ppuscu,c < Prmax — Ppuccu (11.1) 
U 

where Ppuscu.c is the transmit power for PUSCH on carrier c as determined by the power- 
control algorithm (before power scaling but including the per-carrier limitation Pcmax.c)s 
Ppuccu is the transmit power for PUCCH (which is zero if there is no PUCCH 
transmission in the subframe), and w, is the power-scaling factor for PUSCH on carrier c 
(We < 1). For any PUSCH carrying L1/L2 control signaling the scaling factor w, should be 
set to 1. For the remaining PUSCH, some scaling factors may be set to zero by decision of 
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the terminal, in practice implying that the PUSCH, as well as the corresponding UL-SCH 
mapped to the PUSCH, are not transmitted. For the remaining PUSCH the scaling factors 
wc are set to the same value less than or equal to 1 to ensure that the above inequality is 
fulfilled. Thus, all PUSCH that are actually transmitted are power scaled by the same factor. 

After this overview of some general rules for the power setting of different terminals, 
especially for the case of multiple physical channels transmitted in parallel from the same 
terminal, the power control carried out separately for each physical channel will be described 
in more detail. 


11.5.2 Power control for PUCCH 


For PUCCH, the appropriate received power is simply the power needed to achieve a 
desired—that is, a sufficiently low—error rate in the decoding of the L1/L2 control infor- 
mation transmitted on the PUCCH. However, it is then important to bear the following in 
mind: 


¢ In general, decoding performance is not determined by the received signal strength but 
rather by the received signal-to-interference-plus-noise ratio (SINR). What is an 
appropriate received power thus depends on the interference level at the receiver side, an 
interference level that may differ between different deployments and which may also 
vary in time as, for example, the load of the network varies. 

¢ As previously described, there are different PUCCH formats which are used to carry 
different types of uplink L1/L2 control information (hybrid-ARQ acknowledgements, 
scheduling requests, channel-state information, or combinations thereof). The different 
PUCCH formats thus carry different numbers of information bits per subframe and the 
information they carry may also have different error-rate requirements. The required 
received SINR may therefore differ between the different PUCCH formats, something 
that needs to be taken into account when setting the PUCCH transmit power in a given 
subframe. 


Overall, power-control for PUCCH can be described by the following expression: 
Ppuccu = min{ Pemax.c; Po,puccu + PLpt + AFormat + 6} (11.2) 


In the expression above, Ppyccy is the PUCCH transmit power to use in a given subframe 
and PLpy is the downlink path loss as estimated by the terminal. The “min {Pcmax.e ---}” 
term ensures that the PUCCH transmit power as determined by the power control will not 
exceed the per-carrier maximum power Pcmax.c- 

The parameter Po puccu in expression (11.2) is a cell-specific parameter that is broadcast 
as part of the cell system information. Considering only the part Po puccu + PLpz in the 
PUCCH power-control expression and assuming that the (estimated) downlink path loss 
accurately reflects the true uplink path loss, it is obvious that Po puccy can be seen as the 
desired or target received power. As discussed earlier, the required received power will 
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depend on the uplink noise/interference level. From this point of view, the value of Po puccH 
should take the interference level into account and thus vary in time as the interference level 
varies. However, in practice it is not feasible to have Po puccy varying with the instantaneous 
interference level. One simple reason is that the terminal does not read the system information 
continuously and thus the terminal would not have access to a fully up-to-date Po puccy 
value. Another reason is that the uplink path-loss estimates derived from downlink mea- 
surements will not be fully accurate, for example, due to differences between the instanta- 
neous downlink and uplink path loss and measurement inaccuracies. 

Thus, in practice, Po puccu may reflect the average interference level, or perhaps only the 
relatively constant noise level. More rapid interference variations can then be taken care of by 
closed-loop power control (see below). 

For the transmit power to reflect the typically different SINR requirements for different 
PUCCH formats, the PUCCH power-control expression includes the term Aformat, Which adds 
a format-dependent power offset to the transmit power. The power offsets are defined such 
that a baseline PUCCH format, more exactly the format corresponding to the transmission of 
a single hybrid-ARQ acknowledgement (format 1 with BPSK modulation, as described in 
Section 11.4.1.1), has an offset equal to 0 dB, while the offsets for the remaining formats can 
be explicitly configured by the network. For example, PUCCH format 1 with QPSK mod- 
ulation, carrying two simultaneous acknowledgements and used in the case of downlink 
spatial multiplexing, should have a power offset of roughly 3 dB, reflecting the fact that twice 
as much power is needed to communicate two acknowledgements instead of just a single 
acknowledgement. 

Finally, it is possible for the network to directly adjust the PUCCH transmit power by 
providing the terminal with explicit power-control commands that adjust the term 6 in the 
power-control expression above. These power-control commands are accumulative—that is, 
each received power-control command increases or decreases the term 6 by a certain amount. 
The power-control commands for PUCCH can be provided to the terminal by two different 
means: 


e As mentioned in Section 10.4, a power-control command is included in each downlink 
scheduling assignment—that is, the terminal receives a power-control command every 
time it is explicitly scheduled on the downlink. One reason for uplink PUCCH 
transmissions is the transmission of hybrid-ARQ acknowledgements as a response to 
downlink DL-SCH transmissions. Such downlink transmissions are typically associated 
with downlink scheduling assignments on PDCCH and the corresponding power-control 
commands could thus be used to adjust the PUCCH transmit power prior to the 
transmission of the hybrid-ARQ acknowledgements. 

¢ Power-control commands can also be provided on a special PDCCH that simultaneously 
provides power-control commands to multiple terminals (PDCCH using DCI format 
3/3A; see Section 10.4.7). In practice, such power-control commands are then typically 
transmitted on a regular basis and can be used to adjust the PUCCH transmit power, for 
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example, prior to (periodic) uplink CSI reports. They can also be used in the case of 
semi-persistent scheduling (see Chapter 13), in which case there may be uplink 
transmission of both PUSCH (UL-SCH) and PUCCH (L1/L2 control) without any 
explicit scheduling assignments/grants. 


The power-control command carried within the uplink scheduling grant consists of two bits, 
corresponding to the four different update steps —1, 0, +1, or +3 dB. The same is true for the 
power-control command carried on the special PDCCH assigned for power control when this is 
configured to DCI format 3A. On the other hand, when the PDCCH is configured to use DCI 
format 3, each power-control command consists of a single bit, corresponding to the update steps 
—1 and +1 dB. In the latter case, twice as many terminals can be power controlled by a single 
PDCCH. One reason for including the possibility for 0 dB (no change of power) as one power- 
control step is that a power-control command is included in every downlink scheduling assign- 
ment and it is desirable not to have to update the PUCCH transmit power for each assignment. 


11.5.3 Power control for PUSCH 


Power-control for PUSCH transmission can be described by the following expression: 


PpuscH,c = min{ Pcmax,c — Ppuccu; Po,puscu + &:PLpy + 10-log;9(M@) + Ames + 6} 
(11.3) 


where M indicates the instantaneous PUSCH bandwidth measured in number of resource 
blocks and the term Aycs is similar to the term Afo;mat in the expression for PUCCH power 
control—that is, it reflects the fact that different SINR is required for different modulation 
schemes and coding rates used for the PUSCH transmission. 

The above expression is similar to the power-control expression for PUCCH transmission, 
with some key differences: 


¢ The use of “Pcmax,c — Ppuccn” reflects the fact that the transmit power available for 
PUSCH on a carrier is the maximum allowed per-carrier transmit power after power has 
been assigned to any PUCCH transmission on that carrier. This ensures priority of L1/L2 
signaling on PUCCH over data transmission on PUSCH in the power assignment, as 
described in Section 11.5.1. 

¢ The term 10 - logig(M) reflects the fact that what is fundamentally controlled by the 
parameter Po puscu is the power per resource block. For a larger resource assignment, a 
correspondingly higher received power and thus a correspondingly higher transmit 
power is needed. 

¢ The parameter a, which can take a value smaller than or equal to 1, allows for so-called 
partial path-loss compensation, as described below. 


©One could also have included a corresponding term in the expression for PUCCH power control. However, as 
the PUCCH bandwidth always corresponds to one resource block, the term would always equal zero. 
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In general, the parameters Popuscu, & and Awcs can be different for the different 
component carriers configured for a terminal. 

In the case of PUSCH transmission, the explicit power-control commands controlling the 
term 6 are included in the uplink scheduling grants, rather than in the downlink scheduling 
assignments. This makes sense as PUSCH transmissions are preceded by an uplink sched- 
uling grant except for the case of semi-persistent scheduling. Similar to the power-control 
commands for PUCCH in the downlink scheduling assignment, the power-control com- 
mands for PUSCH are multi-level. Furthermore, also in the same way as for PUCCH power 
control, explicit power-control commands for PUSCH can be provided on the special PDCCH 
that simultaneously provides power-control commands to multiple terminals. These power- 
control commands can, for example, be used for the case of PUSCH transmission using 
semi-persistent scheduling. 

Assuming @ equal to 1, also referred to as full path-loss compensation, the PUSCH power- 
control expression becomes very similar to the corresponding expression for PUCCH. Thus, 
the network can select a modulation-and-coding scheme (MCS), and the power-control 
mechanism, including the term Aycs, will ensure that the received SINR will match the 
SINR required for that modulation-and-coding scheme, assuming that the terminal transmit 
power does not reach its maximum value. 

In the case of PUSCH transmission, it is also possible to “turn off’ the Aycs function by 
setting all Ayycg values to zero. In that case, the PUSCH received power will be matched to a 
certain MCS given by the selected value of Po puscu. 

With the parameter « less than 1, the PUSCH power control operates with so-called partial 
path-loss compensation—that is, an increased path loss is not fully compensated for by a 
corresponding increase in the uplink transmit power. In that case, the received power, and thus 
the received SINR per resource block, will vary with the path loss and, consequently, the 
scheduled modulation-and-coding scheme should vary accordingly. In the case of fractional 
path-loss compensation, the Acs function should be disabled. Otherwise the terminal 
transmit power would be further reduced when the modulation-and-coding scheme is reduced 
to match the partial path-loss compensation. 

Figure 11.34 illustrates the differences between full path-loss compensation (a = 1) and 
partial path-loss compensation (a < 1). As can be seen, with partial path-loss compensation, 
the terminal transmit power increases more slowly than the increase in path loss (left-hand 
figure) and, consequently, the received power, and thus also the received SINR, is reduced as 
the path loss increases (right-hand figure). To compensate for this, the modulation-and-coding 
scheme—that is, the PUSCH data rate—should be reduced as the path loss increases. 

The potential benefit of partial path-loss compensation is a relatively lower transmit power 
for terminals closer to the cell border, implying less interference to other cells. At the same 
time, this also leads to a reduced data rate for these terminals. It should also be noted that a 
similar effect can be achieved with full path-loss compensation by having the scheduled 
modulation-and-coding scheme depend on the estimated downlink path loss, which can be 
derived from the power headroom report, and rely on Aycs to reduce the relative terminal 
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FIGURE 11.34 


Full vs. partial path-loss compensation. Solid curve: full compensation (a = 1); dashed curve: partial 
compensation (a = 0.8) 


transmit power for terminals with higher path loss. However, an even better approach would 
then be to not only base the modulation-and-coding scheme selection on the path loss to the 
current cell, but also on the path loss to the neighboring interfered cells. 


11.5.4 Power Control for SRS 

The SRS transmit power basically follows that of the PUSCH, compensating for the exact 
bandwidth of the SRS transmission and with an additional power offset. Thus, the power 
control for SRS transmission can be described according to: 


Psrs = min{ Pemax.c; Popuscu + &:PLpy + 10-logig(Msrs) + 6 + Psrs} (11.4) 


where the parameters Po puscy, &, and 6 are the same as for PUSCH power control, as dis- 
cussed in Section 11.5.3. Furthermore, Msps is the bandwidth, expressed as number of 
resource blocks, of the SRS transmission and Psprg is a configurable offset. 


11.6 Uplink timing alignment 


The LTE uplink allows for uplink intra-cell orthogonality, implying that uplink transmissions 
received from different terminals within a cell do not cause interference to each other. A 
requirement for this uplink orthogonality to hold is that the signals transmitted from different 
terminals within the same subframe but within different frequency resources (different 
resource blocks) arrive approximately time aligned at the base station. More specifically, any 
timing misalignment between received signals should fall within the cyclic prefix. To ensure 
such receiver-side time alignment, LTE includes a mechanism for transmit-timing advance. 

In essence, timing advance is a negative offset, at the terminal, between the start of a 
received downlink subframe and a transmitted uplink subframe. By controlling the offset 
appropriately for each terminal, the network can control the timing of the signals received at 
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Uplink timing advance 


the base station from the terminals. Terminals far from the base station encounter a larger 
propagation delay and therefore need to start their uplink transmissions somewhat in advance, 
compared to terminals closer to the base station, as illustrated in Figure 11.35. In this specific 
example, the first terminal is located close to the base station and experiences a small 
propagation delay, 7p ;. Thus, for this terminal, a small value of the timing advance offset T 1 
is sufficient to compensate for the propagation delay and to ensure the correct timing at the 
base station. However, a larger value of the timing advance is required for the second ter- 
minal, which is located at a larger distance from the base station and thus experiences a larger 
propagation delay. 

The timing-advance value for each terminal is determined by the network based on 
measurements on the respective uplink transmissions. Hence, as long as a terminal carries out 
uplink data transmission, this can be used by the receiving base station to estimate the uplink 
receive timing and thus be a source for the timing-advance commands. Sounding reference 
signals can be used as a regular signal to measure upon, but in principle the base station can 
use any signal transmitted from the terminals. 

Based on the uplink measurements, the network determines the required timing correction 
for each terminal. If the timing of a specific terminal needs correction, the network issues a 
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timing-advance command for this specific terminal, instructing it to retard or advance its 
timing relative to the current uplink timing. The user-specific timing-advance command is 
transmitted as a MAC control element (see Chapter 8 for a description of MAC control el- 
ements) on the DL-SCH. The maximum value possible for timing advance is 0.67 ms, cor- 
responding to a terminal-to-base-station distance of slightly more than 100 km. This is also 
the value assumed when determining the processing time for decoding, as discussed in 
Section 12.1. Typically, timing-advance commands to a terminal are transmitted relatively 
infrequently—for example, one or a few times per second. 

If the terminal has not received a timing-advance command during a (configurable) period, 
the terminal assumes it has lost the uplink synchronization. In this case, the terminal must re- 
establish uplink timing using the random-access procedure prior to any PUSCH or PUCCH 
transmission in the uplink. 

For carrier aggregation, there may be multiple component carriers transmitted from a 
single terminal. The simplest way of handling this is to apply the same timing-advance value 
for all uplink component carriers. This is also the approach taken in release 10. In release 11, 
additional flexibility is provided through the introduction of so-called timing advance groups 
(TAGs) which allow different timing advance commands for different groups of component 
carriers. One motivation for this could be inter-band carrier aggregation, where the different 
component carriers are received at different geographical locations, for example by using 
remote radio heads for some of the bands but not others. Another example could be 
frequency-selective repeaters, repeating only some of the uplink component carriers. 

Uplink component carriers are semi-statically grouped into timing advance groups via 
RRC signaling (up to four groups can be configured). All component carriers in the same 
group are subject to the same timing-advance command. 


ee 


Retransmission Protocols | ) 


The LTE downlink and uplink transmission schemes have been described from a physical 
layer perspective in Chapters 10 and 11 respectively. In this chapter, the operation of the two 
mechanisms responsible for retransmission handling in LTE, the MAC and RLC sublayers, 
will be described. 

Retransmissions of missing or erroneous data units are handled primarily by the hybrid- 
ARQ mechanism in the MAC layer, complemented by the retransmission functionality of 
the RLC protocol. The reasons for having a two-level retransmission structure can be found in 
the trade-off between fast and reliable feedback of the status reports. The hybrid-ARQ 
mechanism targets very fast retransmissions and, consequently, feedback on success or 
failure of the decoding attempt is provided to the transmitter after each received transport 
block. Although it is in principle possible to attain a very low error probability of the hybrid- 
ARQ feedback, it comes at a cost in transmission power. Keeping the cost reasonable 
typically results in a feedback error rate of around 1%, which results in a hybrid-ARQ re- 
sidual error rate of a similar order. Such an error rate is in many cases far too high; high data 
rates with TCP may require virtually error-free delivery of packets to the TCP protocol layer. 
As an example, for sustainable data rates exceeding 100 Mbit/s, a packet-loss probability 
less than 107° is required [72]. The reason is that TCP assumes packet errors to be due to 
congestion in the network. Any packet error therefore triggers the TCP congestion-avoidance 
mechanism with a corresponding decrease in data rate. 

Compared to the hybrid-ARQ acknowledgements, the RLC status reports are transmitted 
relatively infrequently and thus the cost of obtaining a reliability of 10~> or lower is relatively 
small. Hence, the combination of hybrid-ARQ and RLC attains a good combination of small 
round-trip time and a modest feedback overhead where the two components complement 
each other—fast retransmissions due to the hybrid-ARQ mechanism and reliable packet 
delivery due to the RLC. As the MAC and RLC protocol layers are located in the same 
network node, a tight interaction between the two protocols is possible. To some extent, the 
combination of the two can be viewed as one retransmission mechanism with two feedback 
channels. However, note that, as discussed in Chapter 8 and illustrated in Figure 12.1, the 
RLC operates per logical channel, while the hybrid-ARQ operates per transport channel (that 
is, per component carrier). One hybrid-ARQ entity may therefore retransmit data belonging 
to multiple logical channels. Similarly, one RLC entity may handle data transmitted across 
multiple component carriers in the presence of carrier aggregation. Finally, for carrier ag- 
gregation, hybrid-ARQ retransmissions must occur on the same component carrier as the 
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RLC and hybrid-ARQ retransmission mechanisms in LTE 


original transmission, as each component carrier has its own independent hybrid-ARQ entity. 
RLC retransmissions, on the other hand, are not tied to a specific component carrier as, in 
essence, carrier aggregation is invisible above the MAC layer. 

In the following section, the principles behind the hybrid-ARQ and RLC protocols will be 
discussed in more detail. 


12.1 Hybrid ARQ with soft combining 


The hybrid-ARQ functionality spans both the physical layer and the MAC layer. Generation 
of different redundancy versions at the transmitter as well as the soft combining at the 
receiver are handled by the physical layer, while the hybrid-ARQ protocol is part of the MAC 
layer. In the presence of carrier aggregation, there is, as already stated, one independent 
hybrid-ARQ entity per component carrier and terminal. Unless otherwise noted, the 
description below holds for one component carrier—that is, the description is on a per- 
component carrier basis. 

The basis for the LTE hybrid-ARQ mechanism is a structure with multiple stop-and-wait 
protocols, each operating on a single transport block. In a stop-and-wait protocol, the 
transmitter stops and waits for an acknowledgement after each transmitted transport block. 
This is a simple scheme; the only feedback required is a single bit indicating positive or 
negative acknowledgement of the transport block. However, since the transmitter stops after 
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Multiple parallel hybrid-ARQ processes forming one hybrid-ARQ entity 


each transmission, the throughput is also low. LTE therefore applies multiple stop-and-wait 
processes operating in parallel such that, while waiting for acknowledgement from one 
process, the transmitter can transmit data to another hybrid-ARQ process. This is illustrated 
in Figure 12.2; while processing the data received in the first hybrid-ARQ process the receiver 
can continue to receive using the second process, and so on. This structure, multiple hybrid- 
ARQ processes operating in parallel to form one hybrid-ARQ entity, combines the simplicity 
of a stop-and-wait protocol while still allowing continuous transmission of data. 

There is one hybrid-ARQ entity per terminal (and per component carrier in the case of 
catrier aggregation; see Figure 12.1). Spatial multiplexing, where two transport blocks 
can be transmitted in parallel on the same transport channel, as described in Chapter 10, 
is supported by one hybrid-ARQ entity having two sets of hybrid-ARQ processes with 
independent hybrid-ARQ acknowledgements. The details for the physical-layer trans- 
mission of the downlink and uplink hybrid-ARQ acknowledgements were described in 
Chapters 10 and 11. 

Upon receiving a transport block for a certain hybrid-ARQ process, the receiver makes an 
attempt to decode the transport block and informs the transmitter about the outcome through a 
hybrid-ARQ acknowledgement, indicating whether the transport block was correctly decoded 
or not. The time from reception of data until transmission of the hybrid-ARQ acknowl- 
edgement is fixed, hence the transmitter knows from the timing relation which hybrid-ARQ 
process a received acknowledgement relates to. This is beneficial from an overhead 
perspective as there is no need to signal the process number along with the acknowledgement. 

An important part of the hybrid-ARQ mechanism is the use of soft combining, which 
implies that the receiver combines the received signal from multiple transmission attempts. 
The principles of hybrid-ARQ with soft combining were outlined in Chapter 6, with 
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incremental redundancy being the basic scheme in LTE. The receiver needs to know when to 
perform soft combining prior to decoding and when to clear the soft buffer—that is, the 
receiver needs to differentiate between the reception of an initial transmission (prior to which 
the soft buffer should be cleared) and the reception of a retransmission. Similarly, the 
transmitter must know whether to retransmit erroneously received data or to transmit new 
data. Therefore, an explicit new-data indicator is included for each of the one or two 
scheduled transport blocks as part of the scheduling information transmitted in the downlink. 
The new-data indicator is present in both downlink assignments and uplink grants, although 
the meaning is slightly different for the two. 

For downlink data transmission, the new-data indicator is toggled for a new transport 
block—it is essentially a single-bit sequence number. Upon reception of a downlink 
scheduling assignment, the terminal checks the new-data indicator to determine 
whether the current transmission should be soft combined with the received data currently 
in the soft buffer for the hybrid-ARQ process in question, or if the soft buffer should be 
cleared. 

For uplink data transmission, there is also a new-data indicator transmitted on the 
downlink PDCCH. In this case, toggling the new-data indicator requests transmission of a 
new transport block, otherwise the previous transport block for this hybrid-ARQ process 
should be retransmitted (in which case the eNodeB should perform soft combining). 

The use of multiple hybrid-ARQ processes operating in parallel can result in data being 
delivered from the hybrid-ARQ mechanism out of sequence. For example, transport block 5 
in Figure 12.2 was successfully decoded before transport block 1, which required two 
retransmissions. Out-of-sequence delivery can also occur in the case of carrier aggregation, 
where transmission of a transport block on one component carrier could be successful while a 
retransmission is required on another component carrier. To handle out-of-sequence delivery 
from the hybrid-ARQ protocol, the RLC protocol includes an in-sequence-delivery mecha- 
nism, as described in Section 12.2. 

Hybrid-ARQ protocols can be characterized as synchronous vs. asynchronous, related to 
the flexibility in the time domain, as well as adaptive vs. non-adaptive, related to the flexi- 
bility in the frequency domain: 


e An asynchronous hybrid-ARQ protocol implies that retransmissions can occur at any 
time, whereas a synchronous protocol implies that retransmissions occur at a fixed time 
after the previous transmission (see Figure 12.3). The benefit of a synchronous protocol 
is that there is no need to explicitly signal the hybrid-ARQ process number as this 
information can be derived from the subframe number. On the other hand, an 
asynchronous protocol allows for more flexibility in the scheduling of retransmissions. 

e An adaptive hybrid-ARQ protocol implies that the frequency location and possibly also 
the more detailed transmission format can be changed between retransmissions. A non- 
adaptive protocol, in contrast, implies that the retransmission must occur at the same 
frequency resources and with the same transmission format as the initial transmission. 
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In the case of LTE, asynchronous adaptive hybrid ARQ is used for the downlink. For the 
uplink, synchronous hybrid ARQ is used. Typically, the retransmissions are non-adaptive, but 
there is also the possibility to use adaptive retransmissions as a complement. 


12.1.1 Downlink hybrid ARQ 


In the downlink, retransmissions are scheduled in the same way as new data—that is, they 
may occur at any time and at an arbitrary frequency location within the downlink cell 
bandwidth. Hence, the downlink hybrid-ARQ protocol is asynchronous and adaptive. The 
support for asynchronous and adaptive hybrid ARQ for the LTE downlink is motivated by the 
need to avoid collisions with, for example, transmission of system information and MBSFN 
subframes. Instead of dropping a retransmission that otherwise would collide with MBSFN 
subframes or transmission of system information, the eNodeB can move the retransmission in 
time and/or frequency to avoid the overlap in resources. 

Support for soft combining is, as described in the introduction, provided through an 
explicit new-data indicator, toggled for each new transport block. In addition to the new-data 
indicator, hybrid-ARQ-related downlink control signaling consists of the hybrid-ARQ pro- 
cess number (three bits for FDD, four bits for TDD) and the redundancy version (two bits), 
both explicitly signaled in the scheduling assignment for each downlink transmission. 

Downlink spatial multiplexing implies, as already mentioned, transmission of two 
transport blocks in parallel on a component carrier. To provide the possibility to retransmit 
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only one of the transport blocks, which is beneficial as error events for the two transport 
blocks can be fairly uncorrelated, each transport block has its own separate new-data indi- 
cator and redundancy-version indication. However, there is no need to signal the process 
number separately as each process consists of two subprocesses in the case of spatial mul- 
tiplexing or, expressed differently, once the process number for the first transport block is 
known, the process number for the second transport block is given implicitly. 

Transmissions on downlink component carriers are acknowledged independently. On each 
component carrier, transport blocks are acknowledged by transmitting one or two bits on the 
uplink, as described in Chapter 11. In the absence of spatial multiplexing, there is only a 
single transport block within a TTI and consequently only a single acknowledgement bit is 
required in response. However, if the downlink transmission used spatial multiplexing, there 
are two transport blocks per TTI, each requiring its own hybrid-ARQ acknowledgement bit. 
The total number of bits required for hybrid-ARQ acknowledgements thus depends on the 
number of component carriers and the transmission mode for each of the component carriers. 
As each downlink component carrier is scheduled separately from its own PDCCH, the 
hybrid-ARQ process numbers are signaled independently for each component carrier. 

The terminal should not transmit a hybrid-ARQ acknowledgement in response to reception 
of system information, paging messages, and other broadcast traffic. Hence, hybrid-ARQ 
acknowledgements are only sent in the uplink for “normal” unicast transmission. 


12.1.2 Uplink hybrid ARQ 


Shifting the focus to the uplink, a difference compared to the downlink case is the use of 
synchronous, non-adaptive operation as the basic principle of the hybrid-ARQ protocol, 
motivated by the lower overhead compared to an asynchronous, adaptive structure. Hence, 
uplink retransmissions always occur at an a priori known subframe; in the case of FDD 
operation, uplink retransmissions occur eight subframes after the prior transmission attempt 
for the same hybrid-ARQ process. The set of resource blocks used for the retransmission on a 
component carrier is identical to the initial transmission. Thus, the only control signaling 
required in the downlink for a retransmission is a hybrid-ARQ acknowledgement, transmitted 
on the PHICH as described in Chapter 10. In the case of a negative acknowledgement on the 
PHICH, the data is retransmitted. 

Spatial multiplexing is handled in the same way as in the downlink—two transport blocks 
transmitted in parallel on the uplink, each with its own modulation-and-coding scheme and 
new-data indicator but sharing the same hybrid-ARQ process number. The two transport 
blocks are individually acknowledged and hence two bits of information are needed in the 
downlink to acknowledge an uplink transmission using spatial multiplexing. Uplink carrier 
aggregation is another example of a situation where multiple acknowledgements are 
needed—one or two acknowledgement bits per uplink component carrier. TDD is a third 
example, as will be discussed further below, where uplink transmissions in different sub- 
frames may need to be acknowledged in the same downlink subframe. Thus, multiple 
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PHICHs may be needed as each PHICH is capable of transmitting a single bit only. Each of 
the PHICHs are transmitted on the same downlink component carrier that was used to 
schedule the initial uplink transmission. 

Despite the fact that the basic mode of operation for the uplink is synchronous, non- 
adaptive hybrid ARQ, there is also the possibility to operate the uplink hybrid ARQ in a 
synchronous, adaptive manner, where the resource-block set and modulation-and-coding 
scheme for the retransmissions are changed. Although non-adaptive retransmissions are 
typically used due to the very low overhead in terms of downlink control signaling, adaptive 
retransmissions are sometimes useful to avoid fragmenting the uplink frequency resource or 
to avoid collisions with random-access resources. This is illustrated in Figure 12.4. A 
terminal is scheduled for an initial transmission in subframe n; a transmission that is not 
correctly received and consequently a retransmission is required in subframe n + 8 (assuming 
FDD; for TDD the timing depends on the downlink—uplink allocation, as discussed further 
below). With non-adaptive hybrid ARQ, the retransmissions occupy the same part of the 
uplink spectrum as the initial transmission. Hence, in this example the spectrum is frag- 
mented, which limits the bandwidth available to another terminal (unless the other terminal is 
capable of multi-cluster transmission). In subframe n + 16, an example of an adaptive 
retransmission is found; to make room for another terminal to be granted a large part of the 
uplink spectrum, the retransmission is moved in the frequency domain. It should be noted that 
the uplink hybrid-ARQ protocol is still synchronous—that is, a retransmission should always 
occur eight subframes after the previous transmission. 

The support for both adaptive and non-adaptive hybrid ARQ is realized by not flushing the 
transmission buffer when receiving a positive hybrid-ARQ acknowledgement on PHICH for a 
given hybrid-ARQ process. Instead, the actual control of whether data should be retrans- 
mitted or not is done by the new-data indicator included in the uplink scheduling grant sent on 
the PDCCH. The new-data indicator is toggled for each new transport block. If the new-data 
indicator is toggled, the terminal flushes the transmission buffer and transmits a new data 
packet. However, if the new-data indicator does not request transmission of a new transport 
block, the previous transport block is retransmitted. Hence, clearing of the transmission 
buffer is not handled by the PHICH but by the PDCCH as part of the uplink grant. The 
negative hybrid-ARQ acknowledgement on the PHICH could instead be seen as a single-bit 
scheduling grant for retransmissions, where the set of bits to transmit and all the resource 
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information are known from the previous transmission attempt. In Figure 12.4 an example of 
postponing a transmission is seen in subframe n+24. The terminal has received a positive 
acknowledgement and therefore does not retransmit the data. However, the transmission 
buffer is not flushed, which later is exploited by an uplink grant requesting retransmission in 
subframe n+ 32. 

A consequence of the above method of supporting both adaptive and non-adaptive hybrid 
ARQ is that the PHICH and PDCCH related to the same uplink subframe have the same 
timing. If this were not the case, the complexity would increase as the terminal would not 
know whether to obey the PHICH or wait for a PDCCH overriding the PHICH. 

As explained earlier, the new-data indicator is explicitly transmitted in the uplink grant. 
However, unlike the downlink case, the redundancy version is not explicitly signaled for each 
retransmission. With a single-bit acknowledgement on the PHICH, this is not possible. 
Instead, as the uplink hybrid-ARQ protocol is synchronous, the redundancy version follows a 
predefined pattern, starting with zero when the initial transmission is scheduled by the 
PDCCH. Whenever a retransmission is requested by a negative acknowledgement on the 
PHICH, the next redundancy version in the sequence is used. However, if a retransmission is 
explicitly scheduled by the PDCCH overriding the PHICH, there is the potential to affect the 
redundancy version to use. Grants for retransmissions use the same format as ordinary grants 
(for initial transmissions). One of the information fields in an uplink grant is, as described in 
Chapter 10, the modulation-and-coding scheme. Of the 32 different combinations this five-bit 
field can take, three of them are reserved. Those three combinations represent different 
redundancy versions; hence, if one of these combinations is signaled as part of an uplink grant 
indicating a retransmission, the corresponding redundancy version is used for the trans- 
mission. The transport-block size is already known from the initial transmission as it, by 
definition, cannot change between retransmission attempts. In Figure 12.4, the initial 
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transmission in subframe n uses the first redundancy version in sequence as the transport- 
block size must be indicated for the initial transmission. The retransmission in subframe 
n + 8 uses the next redundancy version in the sequence, while the explicitly scheduled 
retransmission in subframe n+16 can use any redundancy scheme as indicated on the 
PDCCH. 

Whether to exploit the possibility to signal an arbitrary redundancy version in a retrans- 
mission scheduled by the PDCCH is a trade-off between incremental-redundancy gain and 
robustness. From an incremental-redundancy perspective, changing the redundancy value 
between retransmissions is typically beneficial to fully exploit the gain from incremental 
redundancy. However, as the modulation-and-coding scheme is normally not indicated for 
uplink retransmissions, as either the single-bit PHICH is used or the modulation-and-coding 
field is used to explicitly indicate a new redundancy version, it is implicitly assumed that the 
terminal did not miss the initial scheduling grant. If this is the case, it is necessary to explicitly 
indicate the modulation-and-coding scheme, which also implies that the first redundancy 
version in the sequence is used. 


12.1.3 Hybrid-ARQ timing 


The receiver must know to which hybrid-ARQ process a received acknowledgement is 
associated. This is handled by the timing of the hybrid-ARQ acknowledgement being used to 
associate the acknowledgement with a certain hybrid-ARQ process; the timing relation be- 
tween the reception of data in the downlink and transmission of the hybrid-ARQ acknowl- 
edgement in the uplink (and vice versa) is fixed. From a latency perspective, the time between 
the reception of downlink data at the terminal and transmission of the hybrid-ARQ 
acknowledgement in the uplink should be as short as possible. At the same time, an un- 
necessarily short time would increase the demand on the terminal processing capacity and a 
trade-off between latency and implementation complexity is required. The situation is similar 
for uplink data transmissions. For LTE, this trade-off led to the decision to have eight hybrid- 
ARQ processes per component carrier in both uplink and downlink for FDD. For TDD, the 
number of processes depends on the downlink—uplink allocation, as discussed below. 


12.1.3.1 Hybrid-ARQ timing for FDD 

Starting with the FDD case, transmission of acknowledgements in the uplink in response to 
downlink data transmission is illustrated in Figure 12.5. Downlink data on the DL-SCH is 
transmitted to the terminal in subframe n and received by the terminal, after the propagation 
delay 7,, in subframe n. The terminal attempts to decode the received signal, possibly after 
soft combining with a previous transmission attempt, and transmits the hybrid-ARQ 
acknowledgement in uplink subframe n + 4. Note that the start of an uplink subframe at 
the terminal is offset by Ty, relative to the start of the corresponding downlink subframe at 
the terminal as a result of the timing-advance procedure described in Section 11.6. Upon 
reception of the hybrid-ARQ acknowledgement, the eNodeB can, if needed, retransmit the 
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Example of timing relation between downlink data and uplink hybrid-ARQ acknowledgment for 
TDD (configuration 2) 


downlink data in subframe n + 8. Thus, eight hybrid-ARQ processes are used—the hybrid- 
ARQ round-trip time is 8 ms. 

The description in the previous paragraph, as well as the illustration in Figure 12.5, 
describe the timing for downlink data transmission—that is, data on DL-SCH and 
acknowledgements on PUCCH (or PUSCH). However, the timing of uplink data 
transmission—data on PUSCH and acknowledgements on PHICH—is identical, namely 
uplink data transmission in subframe n results in a PHICH transmission in subframe n + 4. 
This is also the same timing relation as for uplink scheduling grants in general (as described 
in Section 13.3) and allows a scheduling grant on the PDCCH to override the PHICH, as 
shown in Figure 12.4. 

In Figure 12.5 it is seen that the processing time available to the terminal, Tyg, depends on 
the value of the timing advance or, equivalently, on the terminal-to-base-station distance. As a 
terminal must operate at any distance up to the maximum size supported by the specifications, 
the terminal must be designed such that it can handle the worst-case scenario. LTE is designed 
to handle at least 100 km, corresponding to a maximum timing advance of 0.67 ms. Hence, 
there is approximately 2.3 ms left for the terminal processing, which is considered a 
reasonable trade-off between the processing requirements imposed on a terminal and the 
associated delays. 

For the eNodeB, the processing time available, denoted as T.np, is 3 ms and thus of the 
same order as for the terminal. In the case of downlink data transmission, the eNodeB per- 
forms scheduling of any retransmissions during this time and, for uplink data transmission, 
the time is used for decoding of the received signal. The timing budget is similar for the 
terminal and the eNodeB, which is motivated by the fact that, although the eNodeB typically 
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has more processing power than a terminal, it also has to serve multiple terminals and to 
perform the scheduling operation. 

Having the same number of hybrid-ARQ processes in uplink and downlink is beneficial 
for half-duplex FDD operation, discussed in Chapter 13. By proper scheduling, the uplink 
hybrid-ARQ transmission from the terminal will coincide with transmission of uplink data, 
and the acknowledgements related to the reception of uplink data will be transmitted in the 
same subframe as the downlink data. Thus, using the same number of hybrid-ARQ processes 
in uplink and downlink results in a 50:50 split between transmission and reception for a half- 
duplex terminal. 

Carrier aggregation’ in FDD implies that a terminal needs to transmit acknowledgements 
relating to simultaneous reception of data on multiple DL-SCHs. In LTE, there is at most one 
PUCCH and it is always transmitted on the primary component carrier. Hence, even for a 
symmetric carrier aggregation configuration, the possibility to transmit more than two hybrid- 
ARQ acknowledgement bits in the uplink must be supported. As discussed in Chapter 10, this 
is handled either by resource selection or by using PUCCH format 3. Acknowledgements in 
response to UL-SCH reception are transmitted using multiple PHICHs, where the PHICH is 
transmitted on the same downlink component carrier as the uplink scheduling grant initiating 
the uplink transmission. 


12.1.3.2 Hybrid-ARQ timing for TDD 

For TDD operation, the time relation between the reception of data in a certain hybrid-ARQ 
process and the transmission of the hybrid-ARQ acknowledgement depends on the 
downlink—uplink allocation. An uplink hybrid-ARQ acknowledgement can only be trans- 
mitted in an uplink subframe and a downlink acknowledgement only in a downlink subframe. 
Furthermore, starting from release 11, different downlink-uplink allocations can be used on 
component carriers operating in different frequency bands. Therefore, the hybrid-ARQ 
timing relations for TDD are more intricate than their FDD counterparts. 

For simplicity, consider the situation when the same downlink-uplink allocation is used 
across all component carriers (the case of different allocations will be described later). Since 
the minimum processing time required in the terminal and the eNodeB remains the same in 
FDD and TDD, as the same turbo decoders are used and the scheduling decisions are similar, 
acknowledgements cannot be transmitted earlier than in FDD. Therefore, for TDD 
the acknowledgement of a transport block in subframe n is transmitted in subframe n + k, 
where k > 4 and is selected such that n + k is an uplink subframe when the acknowledgement 
is to be transmitted from the terminal (on PUCCH or PUSCH) and a downlink subframe when 
the acknowledgement is transmitted from the eNodeB (on PHICH). The value of k depends 
on the downlink—uplink configuration, as shown in Table 12.1 for both downlink and uplink 
transmissions. From the table it is seen that, as a consequence of the downlink—uplink 


'In LTE release 10, the number of downlink component carriers was always at least as large as the number of 
uplink component carriers (see Chapter 9). 


Table 12.1 Number of Hybrid-ARQ Processes and Acknowledgement Timing k for Different TDD Configurations 
Downlink Uplink 
PDSCH reception in subframe n PUSCH reception in subframe n 
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configuration, the value of k is sometimes larger than the FDD value k = 4. For example, 
assuming configuration 2, an uplink transmission on PUSCH received in subframe 2 should 
be acknowledged on PHICH in subframe 2 + 6 = 8. Similarly, for the same configuration, 
downlink transmission on PDSCH in subframe 0 should be acknowledged on PUCCH 
(or PUSCH) in subframe 0 +7 = 7. 

From the table it is also seen that the number of hybrid-ARQ processes used for TDD 
depends on the downlink—uplink configuration, implying that the hybrid-ARQ round-trip 
time is configuration dependent for TDD (actually, it may even vary between subframes, as 
seen in Figure 12.6). For the downlink-heavy configurations 2, 3, 4, and 5, the number of 
downlink hybrid-ARQ processes is larger than for FDD. The reason is the limited number of 
uplink subframes available, resulting in k-values well beyond 4 for some subframes 
(Table 12.1). 

The PHICH timing in TDD is identical to the timing when receiving an uplink grant, as 
described in Section 13.3. The reason is the same as in FDD, namely to allow a PDCCH 
uplink grant to override the PHICH in order to implement adaptive retransmissions, as 
illustrated in Figure 12.4. 

The downlink—uplink allocation for TDD has implications on the number of transport 
blocks to acknowledge in a single subframe. For FDD there is always a one-to-one relation 
between uplink and downlink subframes. Hence, in absence of carrier aggregation, a subframe 
only needs to carry acknowledgements for one subframe in the other direction. For TDD, in 
contrast, there is not necessarily a one-to-one relation between uplink and downlink subframes. 
This can be seen in the possible downlink—uplink allocations described in Chapter 9. 
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For uplink transmissions using UL-SCH, each uplink transport block is acknowledged 
individually by using the PHICH. Hence, in uplink-heavy asymmetries (downlink—uplink 
configuration 0), the terminal may need to receive two hybrid-ARQ acknowledgements in 
downlink subframes 0 and 5 in the absence of uplink spatial multiplexing; for spatial mul- 
tiplexing up to four acknowledgements per component carrier are needed. There are also 
some subframes where no PHICH will be transmitted. The amount of PHICH groups may 
therefore vary between subframes for TDD. 

For downlink transmissions, there are some configurations where DL-SCH receipt in mul- 
tiple downlink subframes needs to be acknowledged in a single uplink subframe, as illustrated 
in Figure 12.6 (the illustration corresponds to the two entries shown in bold in Table 12.1). 
Two different mechanisms to handle this are provided in TDD: multiplexing and bundling. 

Multiplexing implies that independent acknowledgements for each of the received 
transport blocks are fed back to the eNodeB. This allows independent retransmission of 
erroneous transport blocks. However, it also implies that multiple bits need to be transmitted 
from the terminal, which may limit the uplink coverage. This is the motivation for the 
bundling mechanism. 

Bundling of acknowledgements implies that the outcome of the decoding of downlink 
transport blocks from multiple downlink subframes can be combined into a single hybrid- 
ARQ acknowledgement transmitted in the uplink. Only if both of the downlink trans- 
missions in subframes 0 and 3 in the example in Figure 12.6 are correctly decoded will a 
positive acknowledgement be transmitted in uplink subframe 7. 

Combining acknowledgements related to multiple downlink transmissions into a single 
uplink message assumes that the terminal has not missed any of the scheduling assignments 
upon which the acknowledgement is based. Assume, as an example, that the eNodeB 
scheduled the terminal in two (subsequent) subframes, but the terminal missed the PDCCH 
transmission in the first of the two subframes and successfully decoded the data transmitted in 
the second subframe. Without any additional mechanism, the terminal will transmit an 
acknowledgement based on the assumption that it was scheduled in the second subframe only, 
while the eNodeB will interpret acknowledgement as the terminal successfully received both 
transmissions. To avoid such errors, the downlink assignment index (see Section 10.4.6) in the 
scheduling assignment is used. The downlink assignment index in essence informs the ter- 
minal about the number of transmissions it should base the combined acknowledgement 
upon. If there is a mismatch between the assignment index and the number of transmissions 
the terminal received, the terminal concludes at least one assignment was missed and 
transmits no hybrid-ARQ acknowledgement, thereby avoiding acknowledging transmissions 
not received. 

Similarly to FDD, carrier aggregation implies that the terminal may need to transmit 
acknowledgements relating to multiple DL-SCHs in a single uplink subframe. Hybrid ARQ 
acknowledgements in response to downlink PDSCH reception are transmitted on the PUCCH 
on the primary component carrier. An acknowledgement can only be transmitted in an uplink 
subframe on the primary component carrier, and the same mechanisms as used for 
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transmitting multiple acknowledgements in absence of a carrier, multiplexing or bundling, 
are used. 

In case of identical downlink-uplink allocations across all component carriers, the timing 
of the acknowledgements, both in uplink and downlink, are the same as in absence of carrier 
aggregation. However, release 11 introduced the possibility of having different allocations on 
different component carriers which complicates the timing relations further. 

In absence of cross-carrier scheduling, the scheduling grants are transmitted on the same 
component carrier as the corresponding data. As there is no dependency between the scheduling 
decisions on the different component carriers, downlink transmissions can occur on a secondary 
component carrier in a subframe that is reserved for uplink transmission on the primary 
component carrier. If the hybrid ARQ timing would follow the primary component carrier only, 
there would be no timing relation for the secondary component carrier in some subframes 
(subframe 4 in Figure 12.7) and, consequently, those subframes would not be possible to use 
for downlink data transmissions. Therefore, to handle this case, a reference configuration, 
compatible with the hybrid ARQ timing of both the primary component carrier and all 
secondary component carriers, is used to derive the hybrid ARQ timing relations for the 
secondary component carriers. The primary component carrier uses the same timing as in the 
absence of carrier aggregation. See Figure 12.7 for an example aggregation of primary and 
secondary component carriers using configurations 3 and 1, respectively, in which case 
configuration 4 is used as a reference for the timing of any secondary component carrier. The 
reference configuration for other combinations of configurations can be found in Table 12.2. 

In case of cross-carrier scheduling, no reference configuration is needed as the scheduling 
timing for each component carrier follows the primary component carrier as discussed in 
Section 13.3. The “problematic” subframe, subframe 4 in Figure 12.7, can therefore never be 
scheduled, and the hybrid ARQ timing relations can be derived from the primary component 
carrier alone. 


Table 12.2 Downlink-Uplink Reference Configuration for Different Configurations on 
Primary and Secondary Component Carriers 
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The timing of the PHICH carrying hybrid ARQ acknowledgements in response to uplink 
data transmission is also affected by the downlink-uplink configurations. In absence of cross- 
carrier scheduling, the PHICH timing on each component carrier follows the same principles 
as in absence of carrier aggregation. In presence of cross-carrier scheduling, the 
situation is more complicated. For some configurations the PHICH timing is given by the 
configuration of the scheduling carrier—the carrier on which the (E)PDCCH was trans- 
mitted—while for other configurations, the PHICH timing follows the configuration of the 
scheduled carrier—that is, the carrier upon which the PUSCH was transmitted. 


12.2 Radio-link control 


The radio-link control (RLC) protocol takes data in the form of RLC SDUs from PDCP and 
delivers them to the corresponding RLC entity in the receiver by using functionality in MAC 
and physical layers. The relation between RLC and MAC, including multiplexing of multiple 
logical channels into a single transport channel, is illustrated in Figure 12.8. Multiplexing of 
several logical channels into a single transport channel is mainly used for priority handling, as 
described in Section 13.2 in conjunction with downlink and uplink scheduling. 

There is one RLC entity per logical channel configured for a terminal, where each RLC 
entity is responsible for: 


* segmentation, concatenation, and reassembly of RLC SDUs; 
¢ RLC retransmission; and 
e in-sequence delivery and duplicate detection for the corresponding logical channel. 


From PDCP. 


RLC 
-- Logical channels 
Control elements ---- 
MAC 
---- Transport channel 
To physical layer 
(one hybrid-ARQ entity per component carrier) 

FIGURE 12.8 


MAC and RLC structure (single-terminal view) 
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Other noteworthy features of the RLC are: (1) the handling of varying PDU sizes; and (2) 
the possibility for close interaction between the hybrid-ARQ and RLC protocols. Finally, the 
fact that there is one RLC entity per logical channel and one hybrid-ARQ entity per 
component carrier implies that one RLC entity may interact with multiple hybrid-ARQ en- 
tities in case of carrier aggregation. 


12.2.1 Segmentation and concatenation, and reassembly of RLC SDUs 


The purpose of the segmentation and concatenation mechanism is to generate RLC PDUs of 
appropriate size from the incoming RLC SDUs. One possibility would be to define a fixed 
PDU size; a size that would result in a compromise. If the size was too large, it would not be 
possible to support the lowest data rates. Also, excessive padding would be required in some 
scenarios. A single small PDU size, however, would result in a high overhead from the header 
included with each PDU. To avoid these drawbacks, which is especially important given the 
very large dynamic range of data rates supported by LTE, the RLC PDU size varies 
dynamically. 

Segmentation and concatenation of RLC SDUs into RLC PDUs are illustrated in 
Figure 12.9. The header includes, among other fields, a sequence number which is used by the 
reordering and retransmission mechanisms. The reassembly function at the receiver side 
performs the reverse operation to reassemble the SDUs from the received PDUs. 


12.2.2 RLC retransmission 


Retransmission of missing PDUs is one of the main functionalities of the RLC. Although 
most of the errors can be handled by the hybrid-ARQ protocol, there are, as discussed at the 
beginning of the chapter, benefits of having a second-level retransmission mechanism as a 
complement. By inspecting the sequence numbers of the received PDUs, missing PDUs can 
be detected and a retransmission requested from the transmitting side. 

Different services have different requirements; for some services (for example, transfer of 
a large file), error-free delivery of data is important, whereas for other applications (for 
example, streaming services), a small amount of missing packets is not a problem. The RLC 
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FIGURE 12.9 
Generation of RLC PDUs from RLC SDUs 
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can therefore operate in three different modes, depending on the requirements from the 
application: 


e Transparent mode (TM), where the RLC is completely transparent and is essentially 
bypassed. No retransmissions, no segmentation/reassembly, and no in-sequence delivery 
take place. This configuration is used for control-plane broadcast channels such as 
BCCH, CCCH, and PCCH, where the information should reach multiple users. The size 
of these messages are selected such that all intended terminals are reached with a 
high probability and hence there is neither need for segmentation to handle varying 
channel conditions, nor retransmissions to provide error-free data transmission. 
Furthermore, retransmissions are not feasible for these channels as there is no possibility 
for the terminal to feed back status reports as no uplink has been established. 

e¢ Unacknowledged mode (UM) supports segmentation/reassembly and in-sequence 
delivery, but not retransmissions. This mode is used when error-free delivery is not 
required, for example voice-over IP, or when retransmissions cannot be requested, for 
example broadcast transmissions on MTCH and MCCH using MBSEN. 

e Acknowledged mode (AM) is the main mode of operation for TCP/IP packet data 
transmission on the DL-SCH. Segmentation/reassembly, in-sequence delivery, and 
retransmissions of erroneous data are all supported. 


In the following, the acknowledged mode is described. The unacknowledged mode is 
similar, with the exception that no retransmissions are done and each RLC entity is 
unidirectional. 

In acknowledged mode, the RLC entity is bidirectional—that is, data may flow in both 
directions between the two peer entities. This is necessary as the reception of PDUs needs to 
be acknowledged back to the entity that transmitted those PDUs. Information about missing 
PDUs is provided by the receiving end to the transmitting end in the form of so-called status 
reports. Status reports can either be transmitted autonomously by the receiver or requested by 
the transmitter. To keep track of the PDUs in transit, the transmitter attaches an RLC header to 
each PDU, including, among other fields, a sequence number. 

Both RLC entities maintain two windows—the transmission and reception windows 
respectively. Only PDUs in the transmission window are eligible for transmission; PDUs with 
a sequence number below the start of the window have already been acknowledged by the 
receiving RLC. Similarly, the receiver only accepts PDUs with sequence numbers within the 
reception window. The receiver also discards any duplicate PDUs as each PDU should be 
assembled into an SDU only once. 


12.2.3 In-sequence delivery 

In-sequence delivery implies that data blocks are delivered by the receiver in the same order 
as they were transmitted. This is an essential part of RLC; the hybrid-ARQ processes operate 
independently and transport blocks may therefore be delivered out of sequence, as seen in 
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Figure 12.2. In-sequence delivery implies that SDU n should be delivered prior to SDU n + 1. 
This is an important aspect as several applications require the data to be received in the same 
order as it was transmitted. TCP can, to some extent, handle IP packets arriving out of 
sequence, although with some performance impact, while for some streaming applications 
in-sequence delivery is essential. The basic idea behind in-sequence delivery is to store the 
received PDUs in a buffer until all PDUs with lower sequence numbers have been delivered. 
Only when all PDUs with lower sequence numbers have been used for assembling SDUs is 
the next PDU used. RLC retransmission, provided when operating in acknowledged mode 
only, operates on the same buffer as the in-sequence delivery mechanism. 


12.2.4 RLC operation 


The operation of the RLC with respect to retransmissions and in-sequence delivery is perhaps 
best understood by the simple example in Figure 12.10, where two RLC entities are illus- 
trated, one in the transmitting node and one in the receiving node. When operating in 
acknowledged mode, as assumed below, each RLC entity has both transmitter and receiver 
functionality, but in this example only one of the directions is discussed as the other direction 
is identical. In the example, PDUs numbered from n to n + 4 are awaiting transmission in the 
transmission buffer. At time fo, PDUs with a sequence number up to and including n have 
been transmitted and correctly received, but only PDUs up to and including n — 1 have been 
acknowledged by the receiver. As seen in the figure, the transmission window starts from n, 
the first not-yet-acknowledged PDU, while the reception window starts from n + 1, the next 
PDU expected to be received. Upon reception of PDU n, the PDU is forwarded to the SDU 
reassembly functionality for further processing. 

The transmission of PDUs continues and, at time t;, PDUs n + 1 and n + 2 have been 
transmitted but, at the receiving end, only PDU n + 2 has arrived. One reason for this could be 
that the missing PDU, ” + 1, is being retransmitted by the hybrid-ARQ protocol and therefore 
has not yet been delivered from the hybrid ARQ to the RLC. The transmission window 
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remains unchanged compared to the previous figure, as none of the PDUs n and higher have 
been acknowledged by the receiver. Hence, any of these PDUs may need to be retransmitted 
as the transmitter is not aware of whether they have been received correctly or not. The 
reception window is not updated when PDU n + 2 arrives. The reason is that PDU n + 2 
cannot be forwarded to SDU assembly as PDU n + 1 is missing. Instead, the receiver waits for 
the missing PDU n + 1. Waiting for the missing PDU for an infinite time would stall 
the queue. Hence, the receiver starts a timer, the reordering timer, for the missing PDU. If the 
PDU is not received before the timer expires, a retransmission is requested. Fortunately, in 
this example, the missing PDU arrives from the hybrid-ARQ protocol at time f, before the 
timer expires. The reception window is advanced and the reordering timer is stopped as the 
missing PDU has arrived. PDUs n + 1 and n + 2 are delivered for reassembly into SDUs. 

Duplicate detection is also the responsibility of the RLC, using the same sequence number 
as used for reordering. If PDU n + 2 arrives again (and is within the reception window), 
despite it having already been received, it is discarded. 

The example above illustrates the basic principle behind in-sequence delivery, which is 
supported by both acknowledged and unacknowledged modes. However, the acknowledged 
mode of operation also provides retransmission functionality. To illustrate the principles 
behind this, consider Figure 12.11, which is a continuation of the example above. At time fs, 
PDUs up to n +5 have been transmitted. Only PDU n + 5 has arrived and PDUs n + 3 and 
n + 4 are missing. Similar to the case above, this causes the reordering timer to start. 
However, in this example no PDUs arrive prior to the expiration of the timer. The expiration 
of the timer at time f4 triggers the receiver to send a control PDU containing a status report, 
indicating the missing PDUs, to its peer entity. Control PDUs have higher priority than data 
PDUs to avoid the status reports being unnecessarily delayed and negatively impacting the 
retransmission delay. Upon reception of the status report at time fs, the transmitter knows that 
PDUs up to n + 2 have been received correctly and the transmission window is advanced. The 
missing PDUs n + 3 and n + 4 are retransmitted and, this time, correctly received. 
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Retransmission of missing PDUs 
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The retransmission was triggered by the reception of a status report in this example. 
However, as the hybrid-ARQ and RLC protocols are located in the same node, tight inter- 
action between the two is possible. The hybrid-ARQ protocol at the transmitting end could 
therefore inform the RLC at the transmitting end in case the transport block(s) containing 
PDUs n+ 3 andn + 4 have failed. The RLC can use this to trigger retransmission of missing 
PDUs without waiting for an explicit RLC status report, thereby reducing the delays asso- 
ciated with RLC retransmissions. 

Finally, at time f¢, all PDUs, including the retransmissions, have been delivered by the 
transmitter and successfully received. As n + 5 was the last PDU in the transmission buffer, 
the transmitter requests a status report from the receiver by setting a flag in the header of the 
last RLC data PDU. Upon reception of the PDU with the flag set, the receiver will respond by 
transmitting the requested status report, acknowledging all PDUs up to and including n + 5. 
Reception of the status report by the transmitter causes all the PDUs to be declared as 
correctly received and the transmission window is advanced. 

Status reports can, as mentioned earlier, be triggered for multiple reasons. However, to 
control the amount of status reports and to avoid flooding the return link with an excessive 
number of status reports, it is possible to use a status prohibit timer. With such a timer, status 
reports cannot be transmitted more often than once per time interval as determined by the 
timer. 

For the initial transmission, it is relatively straightforward to rely on a dynamic PDU size 
as a means to handle the varying data rates. However, the channel conditions and the amount 
of resources may also change between RLC retransmissions. To handle these variations, 
already transmitted PDUs can be (re)segmented for retransmissions. The reordering and 
retransmission mechanisms described above still apply; a PDU is assumed to be received 
when all the segments have been received. Status reports and retransmissions operate on 
individual segments; only the missing segment of a PDU needs to be retransmitted. 
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scheduling and Rate Adaptation 


The scheduler is a key element and to a large degree determines the overall behavior of the 
system. Both uplink and downlink transmissions are scheduled and, consequently, there is a 
downlink and an uplink scheduler in the eNodeB. 

The downlink scheduler is responsible for dynamically controlling the terminal(s) to 
transmit to. Each of the scheduled terminals is provided with a scheduling assignment con- 
sisting of the set of resource blocks upon which the terminal’s DL-SCH' is transmitted, and 
the associated transport-format. The basic mode of operation is so-called dynamic sched- 
uling, where the eNodeB for each 1 ms TTI conveys scheduling assignments to the selected 
terminals using the (E)PDCCHs as described in Chapter 10, but there is also a possibility for 
semi-persistent scheduling to reduce the control-signaling overhead. Downlink scheduling 
assignments and logical channel multiplexing are controlled by the eNodeB, as illustrated in 
the left part of Figure 13.1. 
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Transport format selection in downlink (left) and uplink (right) 


‘In case of carrier aggregation there is one DL-SCH (or UL-SCH) per component carrier. 
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The uplink scheduler serves a similar purpose, namely to dynamically control which 
terminals are to transmit on their UL-SCH. Similarly to the downlink case, each scheduled 
terminal is provided with a scheduling grant consisting of the set of resource blocks upon 
which the terminal should transmit its UL-SCH and the associated transport-format. Also in 
this case, either dynamic or semi-persistent scheduling can be used. The uplink scheduler is in 
complete control of the transport format the terminal shall use but, unlike the downlink case, 
not the logical-channel multiplexing. Instead, the logical-channel multiplexing is controlled 
by the terminal according to a set of rules. Thus, uplink scheduling is per terminal and not per 
radio bearer. This is illustrated in the right part of Figure 13.1, where the scheduler controls 
the transport format and the terminal controls the logical channel multiplexing. 

Each component carrier is independently scheduled with individual scheduling assignments/ 
grants per component carrier in case of carrier aggregation. Semi-persistent scheduling is 
only supported on the primary component carriers, motivated by the fact that the main usage is 
for small payloads not requiring multiple component carriers. 

In the following sections, dynamic downlink and uplink scheduling will be described, as 
well as related functionality such as uplink priority handling, scheduling requests, buffer 
status and power headroom reporting, semi-persistent scheduling, half-duplex FDD opera- 
tion, DRX functionality, and reporting of channel-state information. 


13.1 Downlink scheduling 


The task of the downlink scheduler is to dynamically determine the terminal(s) to transmit to 
and, for each of these terminals, the set of resource blocks upon which the terminal’s DL-SCH 
should be transmitted. In most cases, a single terminal cannot use the full capacity of the cell, 
for example due to lack of data. Also, as the channel properties may vary in the frequency 
domain, it is useful to be able to transmit to different terminals on different parts of the 
spectrum. Therefore, multiple terminals can be scheduled in parallel in a subframe, in which 
case there is one DL-SCH per scheduled terminal and component carrier, each dynamically 
mapped to a (unique) set of frequency resources. 

The scheduler is in control of the instantaneous data rate used, and the RLC segmentation 
and MAC multiplexing will therefore be affected by the scheduling decision. Although 
formally part of the MAC layer, but to some extent better viewed as a separate entity, the 
scheduler is thus controlling most of the functions in the eNodeB associated with downlink 
data transmission: 


¢ RLC: Segmentation/concatenation of RLC SDUs is directly related to the 
instantaneous data rate. For low data rates, it may only be possible to deliver a part of an 
RLC SDU in a TTI, in which case segmentation is needed. Similarly, for high data 
rates, multiple RLC SDUs may need to be concatenated to form a sufficiently large 
transport block. 
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¢ MAC: Multiplexing of logical channels depends on the priorities between different 
streams. For example, radio resource control signaling, such as handover 
commands, typically has a higher priority than streaming data, which in turn has 
higher priority than a background file transfer. Thus, depending on the data 
rate and the amount of traffic of different priorities, the multiplexing of 
different logical channels is affected. Hybrid-ARQ retransmissions also need to be 
accounted for. 

¢ LJ: Coding, modulation and, if applicable, the number of transmission layers and the 
associated precoding matrix are affected by the scheduling decision. The choices of these 
parameters are mainly determined by the radio conditions and the selected data 
rate—that is, the transport block size. 


The scheduling strategy is implementation-specific and not part of the 3GPP specifica- 
tions. In principle, any of the schedulers described in Chapter 6 can be applied. However, the 
overall goal of most schedulers is to take advantage of the channel variations between ter- 
minals and preferably to schedule transmissions to a terminal when the channel conditions are 
advantageous. Most scheduling strategies therefore at least need information about: 


¢ Channel conditions at the terminal. 

¢ Buffer status and priorities of the different data flows. 

¢ The interference situation in neighboring cells (if some form of interference coordination 
is implemented). 


Information about the channel conditions at the terminal can be obtained in several ways. 
In principle, the eNodeB can use any information available, but typically the CSI reports from 
the terminal, further described in Section 13.7, are used. However, additional sources of 
channel knowledge, for example exploiting channel reciprocity to estimate the downlink 
quality from uplink channel estimates in the case of TDD, can also be exploited by a 
particular scheduler implementation. 

In addition to the channel-state information, the scheduler should take buffer status and 
priority levels into account. It does not make sense to schedule a terminal with empty 
transmission buffers. Priorities of the different types of traffic may also vary; RRC signaling 
may be prioritized over user data. Furthermore, RLC and hybrid-ARQ retransmissions, which 
are in no way different from other types of data from a scheduler perspective, are typically 
also given priority over initial transmissions. 

Downlink inter-cell interference coordination is also part of the implementation-specific 
scheduler strategy. A cell may signal to its neighboring cells the intention to transmit 
with a lower transmission power in the downlink on a set of resource blocks. This information 
can then be exploited by neighboring cells as a region of low interference where it is ad- 
vantageous to schedule terminals at the cell edge—terminals that otherwise could not attain 
high data rates due to the interference level. Inter-cell interference handling is further dis- 
cussed in Chapter 15. 
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13.2 Uplink scheduling 


The basic function of the uplink scheduler is similar to its downlink counterpart, namely to 
dynamically determine, for each 1 ms interval, which terminals are to transmit and on which 
uplink resources. As discussed before, the LTE uplink is primarily based on maintaining 
orthogonality between different uplink transmissions and the shared resource controlled by 
the eNodeB scheduler is time—frequency resource units. In addition to assigning the time— 
frequency resources to the terminal, the eNodeB scheduler is also responsible for controlling 
the transport format the terminal will use for each of the uplink component carriers. This 
allows the scheduler to tightly control the uplink activity to maximize the resource usage 
compared to schemes where the terminal autonomously selects the data rate, as autonomous 
schemes typically require some margin in the scheduling decisions. A consequence of the 
scheduler being responsible for selection of the transport format is that accurate and detailed 
knowledge about the terminal situation with respect to buffer status and power availability is 
more accentuated in LTE, compared to systems where the terminal autonomously controls the 
transmission parameters. 

The basis for uplink scheduling is scheduling grants, containing the scheduling decision 
and providing the terminal information about the resources and the associated transport 
format to use for transmission of the UL-SCH on one component carrier. Only if the terminal 
has a valid grant is it allowed to transmit on the corresponding UL-SCH; autonomous 
transmissions are not possible. Dynamic grants are valid for one subframe—that is, for each 
subframe in which the terminal is to transmit on the UL-SCH, the scheduler issues a new 
grant. Uplink component carriers are scheduled independently; if the terminal is to transmit 
simultaneously on multiple component carriers, multiple scheduling grants are needed. 

Similarly to the downlink case, the uplink scheduler can exploit information about channel 
conditions, and, if some form of interference coordination is employed, the interference 
situation in neighboring cells. Information about the buffer status in the terminal and its 
available transmission power is also beneficial to the scheduler. This calls for the reporting 
mechanisms described below, unlike the downlink case where the scheduler, power amplifier, 
and transmission buffers all are in the same node. Uplink priority handling is, as already 
touched upon, another area where uplink and downlink scheduling differs. 

Channel-dependent scheduling, which typically is used for the downlink, can be used for 
the uplink as well. In the uplink, estimates of the channel quality can be obtained from the use 
of uplink channel sounding, as described in Chapter 11. For scenarios where the overhead from 
channel sounding is too costly, or when the variations in the channel are too rapid to be tracked 
(for example at high terminal speeds), uplink diversity can be used instead. The use of fre- 
quency hopping as discussed in Chapter 11 is one example of obtaining diversity in the uplink. 

Finally, inter-cell interference coordination can be used in the uplink for similar reasons as 
in the downlink by exchanging information between neighboring cells, as discussed in 
Chapter 15. 
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13.2.1 Uplink priority handling 


Multiple logical channels of different priorities can be multiplexed into the same transport 
block using the same MAC multiplexing functionality as in the downlink (described in 
Chapter 8). However, unlike the downlink case, where the prioritization is under control of 
the scheduler and up to the implementation, the uplink multiplexing is done according to a set 
of well-defined rules in the terminal as a scheduling grant applies to a specific uplink carrier 
of a terminal, not to a specific radio bearer within the terminal. Using radio-bearer-specific 
scheduling grants would increase the control signaling overhead in the downlink and 
hence per-terminal scheduling is used in LTE. 

The simplest multiplexing rule would be to serve logical channels in strict priority order. 
However, this may result in starvation of lower-priority channels; all resources would be 
given to the high-priority channel until its transmission buffer is empty. Typically, an operator 
would instead like to provide at least some throughput for low-priority services as well. 
Therefore, for each logical channel in an LTE terminal, a prioritized data rate is configured in 
addition to the priority value. The logical channels are then served in decreasing priority order 
up to their prioritized data rate, which avoids starvation as long as the scheduled data rate is at 
least as large as the sum of the prioritized data rates. Beyond the prioritized data rates, 
channels are served in strict priority order until the grant is fully exploited or the buffer is 
empty. This is illustrated in Figure 13.2. 


13.2.2 Scheduling requests 


The scheduler needs knowledge about terminals having data to transmit and therefore needs 
to be scheduled uplink resources. There is no need to provide uplink resources to a terminal 
with no data to transmit as this would only result in the terminal performing padding to fill up 
the granted resources. Hence, as a minimum, the scheduler needs to know whether the ter- 
minal has data to transmit and should be given a grant. This is known as a scheduling request. 
Scheduling requests are used for terminals not having a valid scheduling grant; terminals that 
have a valid grant and are transmitting in the uplink provide more detailed information to the 
eNodeB, as discussed in the next section. 

A scheduling request is a simple flag raised by the terminal to request uplink resources 
from the uplink scheduler. Since the terminal requesting resources by definition has no 
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Scheduling request transmission 


PUSCH resource, the scheduling request is transmitted on the PUCCH. Each terminal can be 
assigned a dedicated PUCCH scheduling request resource, occurring every nth subframe, as 
described in Chapter 11. With a dedicated scheduling-request mechanism, there is no need to 
provide the identity of the terminal requesting to be scheduled as the identity of the terminal is 
implicitly known from the resources upon which the request is transmitted. When data with 
higher priority than already existing in the transmit buffers arrives at the terminal and the 
terminal has no grant, and hence cannot transmit the data, the terminal transmits a scheduling 
request at the next possible instant, as illustrated in Figure 13.3. Upon reception of the 
request, the scheduler can assign a grant to the terminal. If the terminal does not receive a 
scheduling grant until the next possible scheduling-request instant, then the scheduling 
request is repeated. In the case of carrier aggregation, the scheduling request is transmitted on 
the primary component carrier, in line with the general principle of PUCCH transmission on 
the primary component carrier only. There is only a single scheduling-request bit, irrespective 
of the number of uplink component carriers the terminal is capable of. 

The use of a single bit for the scheduling request is motivated by the desire to keep the 
uplink overhead small, as a multi-bit scheduling request would come at a higher cost. 
A consequence of the single-bit scheduling request is the limited knowledge at the eNodeB 
about the buffer situation at the terminal when receiving such a request. Different scheduler 
implementations handle this differently. One possibility is to assign a small amount of 
resources to ensure that the terminal can exploit them efficiently without becoming power 
limited. Once the terminal has started to transmit on the UL-SCH, more detailed information 
about the buffer status and power headroom can be provided through the inband MAC control 
message, as discussed below. Knowledge of the service type may also be used—for example, 
in the case of voice, the uplink resource to grant is preferably the size of a typical voice-over- 
IP package. The scheduler may also exploit, for example, path-loss measurements used for 
mobility and handover decisions to estimate the amount of resources the terminal may 
efficiently utilize. 

An alternative to a dedicated scheduling-request mechanism would be a contention-based 
design. In such a design, multiple terminals share a common resource and provide their 
identity as part of the request. This is similar to the design of the random access. The number 
of bits transmitted from a terminal as part of a request would in this case be larger, with the 
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correspondingly larger need for resources. In contrast, the resources are shared by multiple 
users. Basically, contention-based designs are suitable for a situation where there are a 
large number of terminals in the cell and the traffic intensity, and hence the scheduling 
intensity, is low. In situations with higher intensities, the collision rate between different 
terminals simultaneously requesting resources would be too high and lead to an inefficient 
design. 

Since the scheduling-request design for LTE relies on dedicated resources, a terminal that 
has not been allocated such resources cannot transmit a scheduling request. Instead, terminals 
without scheduling-request resources configured rely on the random-access mechanism 
described in Chapter 14. In principle, an LTE terminal can therefore be configured to rely ona 
contention-based mechanism if this is advantageous in a specific deployment. 


13.2.3 Buffer status reports 


Terminals that already have a valid grant do not need to request uplink resources. However, to 
allow the scheduler to determine the amount of resources to grant to each terminal in future 
subframes, information about the buffer situation, discussed in this section, and the power 
availability, discussed in the next section, is useful. This information is provided to the 
scheduler as part of the uplink transmission through MAC control elements (see Chapter 8 for 
a discussion on MAC control elements and the general structure of a MAC header). The LCID 
field in one of the MAC subheaders is set to a reserved value indicating the presence of a 
buffer status report, as illustrated in Figure 13.4. 

From a scheduling perspective, buffer information for each logical channel is beneficial, 
although this could result in a significant overhead. Logical channels are therefore grouped 
into logical-channel groups and the reporting is done per group. The buffer-size field in a 
buffer-status report indicates the amount of data awaiting transmission across all logical 
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Signaling of buffer status and power headroom reports 
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channels in a logical-channel group. A buffer-status report can be triggered for the following 
reasons: 


e Arrival of data with higher priority than currently in the transmission buffer—that is, 
data in a logical-channel group with higher priority than the one currently being 
transmitted—as this may impact the scheduling decision. 

e Change of serving cell, in which case a buffer-status report is useful to provide the 
new serving cell with information about the situation in the terminal. 

¢ Periodically as controlled by a timer. 

e Instead of padding. If the amount of padding required to match the scheduled 
transport block size is larger than a buffer-status report, a buffer-status report is inserted. 
It is better to exploit the available payload for useful scheduling information instead of 
padding if possible. 


13.2.4 Power headroom reports 


In addition to buffer status, the amount of transmission power available in each terminal is 
also relevant for the uplink scheduler. There is little reason to schedule a higher data rate than 
the available transmission power can support. In the downlink, the available power is 
immediately known to the scheduler as the power amplifier is located in the same node as the 
scheduler. For the uplink, the power availability, or power headroom, needs to be provided to 
the eNodeB. Power headroom reports are therefore transmitted from the terminal to the 
eNodeB in a similar way as the buffer-status reports—that is, only when the terminal is 
scheduled to transmit on the UL-SCH. A power headroom report can be triggered for the 
following reasons: 


e Periodically as controlled by a timer. 

e Change in path loss (the difference between the current power headroom and the last 
report is larger than a configurable threshold). 

e Instead of padding (for the same reason as buffer-status reports). 


It is also possible to configure a prohibit timer to control the minimum time between two 
power-headroom reports and thereby the signaling load on the uplink. 

There are two different types of power-headroom reports defined in LTE, Type / and 
Type 2. Type 1 reporting reflects the power headroom assuming PUSCH-only transmission on 
the carrier, while the Type-2 report, introduced in release 10, assumes combined PUSCH and 
PUCCH transmission. Type-1 reports are provided for all component carriers, while Type-2 
reports are provided for the primary component carrier only (PUCCH can be transmitted on 
the primary component carrier only). 

The Type-1 power headroom valid for a certain subframe and a certain component carrier, 
assuming that the terminal was really scheduled for PUSCH transmission in that subframe, is 
given by (in dB) 
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Power Headroom = Pomax.c — (Po,puscH + a-PLpy + 10-log;y(M) + Amcs + 6) 
(13.1) 


where the values for M and Aycs correspond to the resource assignment and modulation- 
and-coding scheme used in the subframe to which the power-headroom report corresponds. 
The quantity 5 captures the change in transmission power due to the closed-loop power 
control as described in Chapter 11. The explicitly configured maximum per-carrier transmit 
power for component carrier c is denoted, Pcmax,c- It can be noted that the power headroom 
is not a measure of the difference between the maximum per-carrier transmit power and the 
actual carrier transmit power. Rather, it can be seen that the power headroom is a measure of 
the difference between Pcmax,c and the transmit power that would have been used assuming 
that there would have been no upper limit on the transmit power. Thus, the power headroom 
can very well be negative, indicating that the per-carrier transmit power was limited by 
Pcmax.c at the time of the power headroom reporting—that is, the network has scheduled a 
higher data rate than the terminal can support given the available transmission power. As the 
network knows what modulation-and-coding scheme and resource size the terminal used for 
transmission in the subframe to which the power-headroom report corresponds, it can 
determine the valid combinations of modulation-and-coding scheme and resource size M, 
assuming that the downlink path loss PLpy and the term 6 have not changed substantially. 

Type-1 power headroom can also be reported for subframes where there is no actual 
PUSCH transmission. In such cases, 10-logi9(M ) and Aycs in the expression above are set to 
zero. This can be seen as the power headroom assuming a default transmission configuration 
corresponding to the minimum possible resource assignment (M = 1) and the modulation- 
and-coding scheme associated with Aycs = 0 dB. 

Similarly, Type-2 power headroom reporting is defined as the difference between the 
maximum per-carrier transmit power and the sum of the PUSCH and PUCCH transmit power 
(equations 11.3 and 11.2, respectively), once again not taking into account any maximum 
per-carrier power when calculating the PUSCH and PUCCH transmit power. 

Along the lines of Type-1 power headroom reporting, the Type-2 power headroom can also 
be reported for subframes in which no PUSCH and/or PUCCH is transmitted. In that case a 
virtual PUSCH and PUCCH transmit power is calculated, assuming the smallest possible 
resource assignment (M = 1) and Aycs = 0 dB for PUSCH and Agormat = 0 for PUCCH. 


13.3 Timing of scheduling assignments/grants 


The scheduling decisions, downlink scheduling assignments, and uplink scheduling grants 
are communicated to each of the scheduled terminals through the downlink L1/L2 control 
signaling as described in Chapter 10, using one (E)PDCCH per downlink assignment. Each 
terminal monitors a set of (E)PDCCHs for valid scheduling assignment or grants and, upon 
detection of a valid assignment or grant, receives PDSCH or transmits PUSCH, respectively. 
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The terminal needs to know which subframe the scheduling command relates to and, in case 
of carrier aggregation, to which component carrier. 

In the absence of cross-carrier scheduling, downlink scheduling assignments are valid for 
the component carrier upon which they are transmitted. Similarly, for uplink grants, there is 
an association between downlink and uplink component carriers such that each uplink 
component carrier has an associated downlink component carrier. The association is provided 
as part of the system information. Thus, from the uplink—downlink association, the terminal 
knows to which uplink component carrier the downlink control information relates to. 

In the presence of cross-carrier scheduling, where downlink PDSCH or uplink PUSCH is 
transmitted on an (associated) component carrier other than that which the (E)PDCCH is 
transmitted upon, the carrier indicator in the (E)PDCCH provides information about the 
component carrier used for the PDSCH or PUSCH. 

The scheduling timing—the subframe a scheduling assignment or grant received is valid 
for—is a bit more complex, especially for the TDD uplink, as discussed in the following section. 


13.3.1 Downlink scheduling timing 


For downlink data transmission, the scheduling assignment is transmitted in the same sub- 
frame as the data. Having the scheduling assignment in the same subframe as the corre- 
sponding data minimizes the latency in the scheduling process. Also, note that there is no 
possibility for dynamically scheduling future subframes—data and the scheduling assign- 
ment are always in the same subframe. This holds for FDD as well as TDD and both in the 
presence or absence of carrier aggregation, with the exception of cross-carrier scheduling for 
TDD with different downlink-uplink allocations. 

In case of cross-carrier scheduling for TDD with different downlink-uplink allocations, 
the downlink scheduling timing for each component carrier follows that of the primary 
component carrier. Together with the fact that a scheduling assignment cannot point to a 
downlink subframe in the future, this implies that some downlink subframes on some 
component carriers cannot be scheduled with cross-carrier scheduling (see Figure 13.5). This 
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Example of cross-carrier scheduling with different TDD configurations 
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is consistent with the fact that, for a TDD terminal not capable of simultaneous transmission 
and reception, only downlink (uplink) subframes on a secondary component carrier that 
coincides with a downlink (uplink) subframe on the primary component carrier may be used. 
Note though that this holds only in case of cross-carrier scheduling and TDD with different 
downlink-uplink allocations for the different component carriers—in absence of cross-carrier 
scheduling, all subframes can be scheduled. 


13.3.2 Uplink scheduling timing 


The timing for uplink scheduling grants is more intricate than the corresponding downlink 
scheduling assignments, especially for TDD. The grant cannot relate to the same subframe it 
was received in as the uplink subframe has already started when the terminal has decoded the 
grant. The terminal also needs some time to prepare the data to transmit. Therefore, a grant 
received in subframe n affects the uplink transmission in a later subframe. 

For FDD, the grant timing is straightforward. An uplink grant received in a subframe 
n triggers an uplink transmission in subframe n + 4, as illustrated in Figure 13.6. This is 
the same timing relation as used for uplink retransmission triggered by the PHICH, motivated 
by the possibility to override the PHICH by a dynamic scheduling grant, as described in 
Chapter 12. 
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FIGURE 13.6 
Timing relation for uplink grants in FDD and TDD configurations O and 1 
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For TDD, the situation is more complicated, especially in case of carrier aggregation with 
different downlink-uplink allocations on the different component carriers. Initially, consider the 
case where all component carriers, one or more, have the same downlink-uplink configurations. 

A grant received in subframe n in TDD many not necessarily trigger an uplink trans- 
mission in subframe n + 4—that is, the timing relation used in FDD—as subframe n + 4 may 
not be an uplink subframe. Hence, for TDD configurations 1-6 the timing relation is modified 
such that the uplink transmission occurs in subframe n + k, where k is the smallest value 
larger than or equal to 4 such that subframe n + k is an uplink subframe. This provides at least 
the same processing time for the terminal as in the FDD case while minimizing the delay from 
receipt of the uplink grant to the actual transmission. Note that this implies that the time 
between grant reception and uplink transmission may differ between different subframes. 
Furthermore, for the downlink-heavy configurations 1-5, another property is that uplink 
scheduling grants can only be received in some of the downlink subframes. 

For TDD configuration 0 there are more uplink subframes than downlink subframes, 
which calls for the possibility to schedule transmissions in multiple uplink subframes from a 
single downlink subframe. The same timing relation as for the other TDD configurations is 
used, but with slight modifications. Recall from Section 10.4.7 that the grant transmitted in 
the downlink contains an uplink index consisting of two bits. For downlink—uplink config- 
uration 0, the index field specifies which uplink subframe(s) a grant received in a downlink 
subframe applies to. For example, as illustrated in Figure 13.6, an uplink scheduling grant 
received in downlink subframe 0 applies to one or both of the uplink subframes 4 and 7, 
depending on which of the bits in the uplink index are set. 

The description above holds also for carrier aggregation with different downlink-uplink 
allocations in absence of cross-carrier scheduling. In presence of cross-carrier scheduling, 
the situation is more complicated. For some configurations the timing is given by the 
configuration of the scheduling carrier—the carrier on which the (E)PDCCH is trans- 
mitted—while for other configurations, the timing follows the configuration of the scheduled 
carrier—that is, the carrier upon which the PUSCH was transmitted. 


13.4 Semi-persistent scheduling 


The basis for uplink and downlink scheduling is dynamic scheduling, as described in Sections 
13.1 and 13.2. Dynamic scheduling with a new scheduling decision taken in each subframe 
allows for full flexibility in terms of the resources used, and can handle large variations in the 
amount of data to transmit at the cost of the scheduling decision being sent on an (E)PDCCH in 
each subframe. In many situations, the overhead in terms of control signaling on the 
(E)PDCCH is well motivated and relatively small compared to the payload on DL-SCH/ 
UL-SCH. However, some services, most notably voice-over IP, are characterized by regularly 
occurring transmission of relatively small payloads. To reduce the control signaling overhead 
for those services, LTE provides semi-persistent scheduling in addition to dynamic scheduling. 
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Example of semi-persistent scheduling 


With semi-persistent scheduling, the terminal is provided with the scheduling decision on 
the (E)PDCCH, together with an indication that this applies to every nth subframe until 
further notice. Hence, control signaling is only used once and the overhead is reduced, as 
illustrated in Figure 13.7. The periodicity of semi-persistently scheduled transmissions—that 
is, the value of n—is configured by RRC signaling in advance, while activation (and deac- 
tivation) is done using the (E)PDCCH using the semi-persistent C-RNTI.* For example, for 
voice-over IP the scheduler can configure a periodicity of 20 ms for semi-persistent sched- 
uling and, once a talk spurt starts, the semi-persistent pattern is triggered by the (E)PDCCH. 

After enabling semi-persistent scheduling, the terminal continues to monitor the set of 
candidate (E)PDCCHs for uplink and downlink scheduling commands. When a dynamic 
scheduling command is detected, it takes precedence over the semi-persistent scheduling in 
that particular subframe, which is useful if the semi-persistently allocated resources occa- 
sionally need to be increased. For example, for voice-over IP in parallel with web browsing, it 
may be useful to override the semi-persistent resource allocation with a larger transport block 
when downloading the web page. 

For the downlink, only initial transmissions use semi-persistent scheduling. Retransmissions 
are explicitly scheduled using an (E)PDCCH assignment. This follows directly from the use of 
an asynchronous hybrid-ARQ protocol in the downlink. Uplink retransmissions, in contrast, can 
either follow the semi-persistently allocated subframes or be dynamically scheduled. 

Semi-persistent scheduling is only supported on the primary component carrier and any 
transmission on a secondary component carrier must be dynamically scheduled. This is 
reasonable as semi-persistent scheduling is intended for low-rate services for which a single 
component carrier is sufficient. 


13.5 Scheduling for half-duplex FDD 


Half-duplex FDD implies that a single terminal cannot receive and transmit at the same time 
while the eNodeB still operates in full duplex. In LTE, half-duplex FDD is implemented as 
a scheduler constraint, implying it is up to the scheduler to ensure that a single terminal is not 


"Each terminal has two identities, the “normal” C-RNTI for dynamic scheduling and the semi-persistent 
C-RNTI for semi-persistent scheduling. 
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scheduled simultaneous in uplink and downlink. Hence, from a terminal perspective, sub- 
frames are dynamically used for uplink or downlink. Briefly, the basic principle for half- 
duplex FDD is that a terminal is receiving in the downlink unless it has been explicitly 
instructed to transmit in the uplink (either UL-SCH transmission or hybrid-ARQ acknowl- 
edgements triggered by a downlink transmission). The timing and structure for control 
signaling are identical between half- and full-duplex FDD terminals. 

An alternative design approach would be to base half-duplex FDD on the TDD control 
signaling structure and timing, with a semi-static configuration of subframes to either 
downlink or uplink. However, this would complicate supporting a mixture of half- and-full 
duplex terminals in the same cell as the timing of the control signaling would differ. It 
would also imply a waste of uplink spectrum resources. All terminals need to be able to 
receive subframes 0 and 5, as those subframes are used for system information and 
synchronization signals. Hence, if a fixed uplink—downlink allocation were to be used, no 
uplink transmissions could take place in those two subframes, resulting in a loss in uplink 
spectral efficiency of 20%. This is not attractive and led to the choice of implementing half- 
duplex FDD as a scheduling strategy instead. 

An example of half-duplex operation as seen from a terminal perspective is shown in 
Figure 13.8. In the leftmost part of the figure, the terminal is explicitly scheduled in the uplink 
and, consequently, cannot receive data in the downlink in the same subframe. The uplink 
transmission implies the receipt of an acknowledgement on the PHICH four subframes later, 
as mentioned in Chapter 12, and therefore the terminal cannot be scheduled in the uplink in 
this subframe. Similarly, when the terminal is scheduled to receive data in the downlink in 
subframe n, the corresponding hybrid-ARQ acknowledgement needs to be transmitted in the 
uplink subframe n + 4, preventing downlink reception in subframe n + 4. The scheduler can 
exploit this by scheduling downlink data in four consecutive subframes, and uplink trans- 
mission in the four next subframes when the terminal needs to transmit hybrid-ARQ 
acknowledgements in the uplink anyway, and so on. Hence, at most half of the time can 
be used in the downlink and half in the uplink or, in other words, the asymmetry in half- 
duplex FDD is 4:4. Efficient support of half-duplex FDD is one of the reasons why the 
same number of hybrid-ARQ processes was selected in uplink and downlink. 
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Example of half-duplex FDD terminal operation 
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Note that, as the eNodeB is operating in full duplex, regardless of the duplex capability of 
the terminals, the cell capacity is hardly affected by the presence of half-duplex terminals. 
Given a sufficient number of terminals with data to transmit/receive, the scheduler can with a 
high likelihood find a set of terminals to schedule in the uplink and another set to schedule in 
the downlink in a given subframe. 

Similar to TDD, a half-duplex terminal needs some guard time for switching between 
uplink and downlink. For half-duplex FDD, guard time for the downlink-to-uplink switch is 
created by allowing the terminal to skip reception of the last OFDM symbols in a downlink 
subframe immediately preceding an uplink subframe, as described in Chapter 9. Guard time 
for the uplink-to-downlink switch is handled by setting the appropriate amount of timing 
advance in the terminals. 


13.6 Discontinuous reception (DRX) and component carrier 
deactivation 


Packet-data traffic is often highly bursty, with occasional periods of transmission activity 
followed by longer periods of silence. From a delay perspective, it is beneficial to monitor the 
downlink control signaling in each subframe to receive uplink grants or downlink data 
transmissions and instantaneously react on changes in the traffic behavior. At the same time 
this comes at a cost in terms of power consumption at the terminal; the receiver circuitry in a 
typical terminal represents a non-negligible amount of power consumption. To reduce the 
terminal power consumption, LTE includes mechanisms for discontinuous reception (DRX). 

The basic mechanism for DRX is a configurable DRX cycle in the terminal. With a DRX 
cycle configured, the terminal monitors the downlink control signaling only in one subframe 
per DRX cycle, sleeping with the receiver circuitry switched off in the remaining subframes. 
This allows for a significant reduction in power consumption: the longer the cycle, the lower 
the power consumption. Naturally, this implies restrictions to the scheduler as the terminal 
can be addressed only in the active subframes. 

In many situations, if the terminal has been scheduled and active with receiving or 
transmitting data in one subframe, it is highly likely it will be scheduled again in the near 
future. One reason could be that it was not possible to transmit all the data in the transmission 
buffer in one subframe and additional subframes are required. Waiting until the next active 
subframe according to the DRX cycle, although possible, would result in additional delays. 
Hence, to reduce the delays, the terminal remains in the active state for a certain configurable 
time after being scheduled. This is implemented by the terminal (re)starting an inactivity 
timer every time it is scheduled and remaining awake until the time expires, as illustrated at 
the top of Figure 13.9. 

Retransmissions take place regardless of the DRX cycle. Thus, the terminal receives 
and transmits hybrid-ARQ acknowledgements as normal in response to data transmission. 
In the uplink, this also includes retransmissions in the subframes given by the synchronous 
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Illustration of DRX operation 


hybrid-ARQ timing relation. In the downlink, where asynchronous hybrid ARQ is used, the 
retransmission time is not fixed in the specifications. To handle this, the terminal monitors the 
downlink for retransmissions in a configurable time window after the previous transmission. 

The above mechanism, a (long) DRX cycle in combination with the terminal remaining 
awake for some period after being scheduled, is sufficient for most scenarios. However, some 
services, most notably voice-over IP, are characterized by periods of regular transmission, 
followed by periods of no or very little activity. To handle these services, a second short DRX 
cycle can optionally be used in addition to the long cycle described above. Normally, the 
terminal follows the long DRX cycle, but if it has recently been scheduled, it follows a shorter 
DRX cycle for some time. Handling voice-over IP in this scenario can be done by setting the 
short DRX cycle to 20 ms, as the voice codec typically delivers a voice-over-IP packet per 20 ms. 
The long DRX cycle is then used to handle longer periods of silence between talk spurts. 

The DRX mechanism described above is common to all component carriers configured in 
the terminal. Hence, if the terminal is in DRX it is not receiving on any component carrier, but 
when it wakes up, all (activated) component carriers will be woken up. Although discon- 
tinuous reception greatly reduces the terminal power consumption, it is possible to go one 
step further in the case of carrier aggregation. From a power-consumption perspective, it is 
beneficial to receive on as few component carriers as possible. LTE therefore supports 
deactivation of downlink component carriers. A deactivated component carrier maintains the 
configuration provided by RRC but cannot be used for reception, neither PDCCH nor 
PDSCH. When the need arises, a downlink component carrier can be activated rapidly and 
used for reception within a few subframes. A typical use would be to configure several 
component carriers, but deactivate all component carriers except the primary one. When a 
data burst starts, the network could activate several component carriers to maximize the 
downlink data rate. Once the data burst is delivered, the component carriers could be deac- 
tivated again to reduce terminal power consumption. 

Activation and deactivation of downlink component carriers are done through MAC 
control elements. A command to activate a component carrier takes effect eight subframes 
after receipt—that is, if the MAC control element is received in subframe n, then the 
additional component carriers are activated starting from subframe n + 8. There is also a 
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timer-based mechanism for deactivation such that a terminal may, after a configurable time 
with no activity on a certain component carrier, deactivate that component carrier. The pri- 
mary component carrier is always active as it must be possible for the network to commu- 
nicate with the terminal. 

In the uplink there is no explicit activation of uplink component carriers. However, 
whenever a downlink component carrier is activated or deactivated, the corresponding uplink 
component carrier is also activated or deactivated. 


13.7 Channel-state information 


As mentioned several times, the possibility for downlink channel-dependent scheduling— 
that is, selecting the downlink transmission configuration and related parameters depending 
on the instantaneous downlink channel condition, including the interference situation—is a 
key feature of LTE. An important part of the support for downlink channel-dependent 
scheduling is channel-state information (CSI) provided by terminals to the network, infor- 
mation on which the latter can base its scheduling decisions. 

The CSI consist of one or several pieces of information: 


¢ Rank indication (RD, providing a recommendation on the transmission rank to use 
or, expressed differently, the number of layers that should preferably be used for 
DL-SCH transmission to the terminal. 

¢ Precoder matrix indication (PMD, indicating a preferred precoder to use for DL-SCH 
transmission. 

¢ Channel-quality indication (CQ]), representing the highest modulation-and-coding 
scheme that, if used, would mean a DL-SCH transmission using the recommended 
RI and PMI would be received with a block-error probability of at most 10%. 


Together, a combination of the RI, PMI, and CQI forms a CSI report. Exactly what is 
included in a CSI report depends on the reporting mode the terminal is configured to be in. For 
example, RI and PMI do not need to be reported unless the terminal is in a spatial-multiplexing 
transmission mode. However, also given the transmission mode, there are different reporting 
configurations that typically differ as to what set of resource blocks the report is valid for and 
whether precoding information is reported or not. The type of information useful to the 
network also depends on the particular implementation and antenna deployment. 

Although referred to as channel-state information, what a terminal delivers to the network 
are not explicit reports of the downlink channel state. Rather, what the terminal delivers are 
suggestions on the transmission rank and precoding matrix to use, together with an indication 
of the highest possible modulation-and-coding scheme that the network should not exceed if 
it intends to keep the block-error probability below 10%. Information about the actual 
modulation scheme and coding rate used for DL-SCH transmission as well as the set of 
resource blocks used for the transmission is always included in the downlink scheduling 
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assignment. Hence, the eNodeB is free to follow the CSI report or to select transmission 
parameters on its own. 


13.7.1 Channel-quality indication 


The channel-quality indication, CQI, provides an estimate of the highest modulation-and- 
coding scheme that, if used with the recommended RI and PMI, would result in a block- 
error probability for the DL-SCH transmissions of at most 10%. The reason to use CQI as 
a feedback quantity instead of, for example, the signal-to-noise ratio, is to account for 
different receiver implementations in the terminal. Also, basing the feedback reports on CQI 
instead of signal-to-noise ratio simplifies the testing of terminals; a terminal delivering data 
with more than 10% block-error probability when using the modulation-and-coding scheme 
indicated by the CQI would fail the test. As will be discussed further below, multiple CQI 
reports, each representing the channel quality in a certain part of the downlink spectrum, can 
be part of the channel-state information. 

The modulation-and-coding scheme used for DL-SCH transmission can, and often will, 
differ from the reported CQI as the scheduler needs to account for additional information not 
available to the terminal when recommending a certain CQI. For example, the set of resource 
blocks used for the DL-SCH transmission also needs to account for other users. Furthermore, 
the amount of data awaiting transmission in the eNodeB also needs to be accounted for. There 
is no need to select a very high data rate, even if the channel conditions would permit this, if 
there is only a small amount of data to transmit and a small number of resource blocks with 
robust modulation is sufficient. 


13.7.2 Rank indicator and precoder matrix indication 


The multi-antenna related part of the CSI consists of the rank indication, RI, and the precoder 
matrix indication, PMI. 

The rank indication is only reported by terminals that are configured in one of the spatial- 
multiplexing transmission modes. There is at most one RI reported (for a particular CSI 
process on a particular component carrier, see below for details), valid across the full 
bandwidth—that is, the RI is frequency non-selective. Note that frequency-selective trans- 
mission rank is not possible in LTE as all layers are transmitted on the same set of resource 
blocks. 

The precoder matrix indication provides an indication to the eNodeB of the preferred 
precoder to use conditioned on the number of layers indicated by the RI. The precoder 
recommendation may be frequency selective, implying that the terminal may recommend 
different precoders for different parts of the downlink spectrum, or frequency non-selective. 

With regards to the precoder-related recommendations, the network has two choices: 


e The network may follow the latest terminal recommendation, in which case the 
eNodeB only has to confirm (a one-bit indicator in the downlink scheduling assignment) 
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that the precoder configuration recommended by the terminal is used for the 
downlink transmission. On receiving such a confirmation, the terminal will use its 
recommended configuration when demodulating and decoding the corresponding 
DL-SCH transmission. Since the PMI computed in the terminal can be frequency 
selective, an eNodeB following the precoding matrix recommended by the 
terminal may have to apply different precoding matrices for different (sets of) 
resource blocks. 

¢ The network may select a different precoder, information about which then needs to be 
explicitly included in the downlink scheduling assignment. The terminal then uses this 
configuration when demodulating and decoding the DL-SCH. To reduce the amount of 
downlink signaling, only a single precoding matrix can be signaled in the scheduling 
assignment, implying that, if the network overrides the recommendation provided by the 
terminal, the precoding is frequency non-selective. The network may also choose to 
override the suggested transmission rank only. 


The precoder recommended by the terminal is not explicitly signaled but provided as an 
index into a set of predefined matrices: a so-called codebook. The set of matrices from which 
the terminal selects the preferred precoder depends on the number of antenna ports. 

For two or four antenna ports (irrespective of whether CRS or DM-RS is used for 
demodulation), the codebook is given by the set of precoders for codebook-based precoding 
(see Section 10.3.2). This is a natural choice for the multi-antenna transmission modes based 
on cell-specific reference signals (transmission modes 4, 5, and 6) as the network in these 
modes must use a codebook from this set. For simplicity the same codebook is used for CSI 
reporting for transmission modes 8, 9, and 10 using demodulation-specific reference signals, 
even though the network in this case can use any precoders, as the precoder used is trans- 
parent to the terminal. 

For eight antenna ports, supported in transmission modes 9 and 10 and relying on 
demodulation-specific reference signals, a somewhat different approach for the code- 
book design than the two and four antenna cases was taken. All precoders in this case 
can be factorized as W = W,:-Wo2, where the possible entries for W; model long-term/ 
wideband aspects such as beam-forming while the possible entries of W 2 address 
short-term/frequency-selective properties such as polarization properties. One reason for 
factorizing the codebook is to simplify implementation as the terminal may apply different 
(time-domain) filtering to the two parts when forming PMI. The resulting codebook is 
tailored for closely spaced cross-polarized antenna elements (see Figure 13.10), which is a 
realistic antenna setup, but it also covers the case of eight closely spaced linearly polarized 
antennas. 

Finally, for two, four, and eight antenna ports, the network can restrict the set of matrices 
from which the terminal can select the recommended precoder, so-called codebook 
subset restriction, to avoid reporting precoders that are not useful in the antenna setup actually 
used. 
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Illustration of the eight-antenna codebook 


13.7.3 Periodic and aperiodic CSI reports 


There are two types of CSI reports in LTE, aperiodic and periodic reports, which are different 
in terms of how a report is triggered: 


e Aperiodic CSI reports are delivered when explicitly requested by the network by means 
of the channel-state-request flag included in uplink scheduling grants (see Section 
10.4.5). An aperiodic CSI report is always delivered using the PUSCH—that is, on a 
dynamically assigned resource. 

¢ Periodic CSI reports are configured by the network to be delivered with a certain 
periodicity, possibly as often as once every 2 ms, on a semi-statically configured PUCCH 
resource. However, similar to hybrid-ARQ acknowledgements normally delivered on 
PUCCH, channel-state reports are “re-routed” to the PUSCH? if the terminal has a valid 
uplink grant. 


Aperiodic and periodic reports, despite both providing estimates of the channel and 
interference conditions at the terminal, are quite different in terms of their detailed contents 
and usage. In general, aperiodic reports are larger and more detailed than their periodic 
counterparts. There are several reasons for this. First, the PUSCH, upon which the aperiodic 
report is transmitted, is capable of a larger payload, and hence a more detailed report, than the 


3In release 10 and later, a terminal can be configured for simultaneous PUSCH and PUCCH transmission, in 
which case the periodic channel-state reports can remain on the PUCCH. 
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PUCCH used for the periodic reports. Furthermore, as aperiodic reports are transmitted on a 
per-need basis only, the overhead from these reports is less of an issue compared to periodic 
reports. Finally, if the network requests a report it is likely that it will transmit a large amount of 
data to the terminal, which makes the overhead from the report less of an issue compared to a 
periodic report that is transmitted irrespective of whether the terminal in question will be 
scheduled in the near future or not. Hence, as the structure and usage of aperiodic and periodic 
reports is different, they are described separately below, starting with aperiodic reports. 


13.7.3.1 Aperiodic CSI reports 

Aperiodic CSI reports are transmitted on the PUSCH upon request by the network. Three 
aperiodic reporting modes, where each mode has several submodes depending on the 
configuration, are supported in LTE: 


¢ Wideband reports, reflecting the average channel quality across the entire cell 
bandwidth with a single CQI value. Despite a single average CQI value being 
provided for the whole bandwidth, the PMI reporting is frequency selective. 
Frequency-selective reporting is obtained, for reporting purposes only, by dividing the 
overall downlink bandwidth (of each component carrier) into a number of equally 
sized sub-bands, where each sub-band consists of a set of consecutive resource blocks. 
The size of a sub-band, ranging from four to eight resource blocks, depends on the cell 
bandwidth. The PMI is then reported for each sub-band. For transmission modes 
supporting spatial multiplexing, the CQI and the PMI are calculated assuming the 
channel rank indicated by the RI, otherwise rank-1 is assumed. Wideband reports are 
smaller than their frequency-selective counterparts, but do not provide any information 
about the frequency domain. 

¢ UE-selected reports, where the terminal selects the best M sub-bands and reports, in 
addition to the indices of the selected sub-bands, one CQI reflecting the average channel 
quality over the selected M sub-bands together with one wideband CQI reflecting the 
channel quality across the full downlink carrier bandwidth. This type of report thus 
provides frequency-domain information about the channel conditions. The sub-band 
size, ranging from two to four resource blocks, and the value of M, ranging from 1 to 6, 
depends on the downlink carrier bandwidth. Depending on the sub-mode configured, the 
PMI and RI are also provided as part of this type of report. 

¢ Configured reports, where the terminal reports one wideband CQI reflecting the channel 
quality across the full downlink carrier bandwidth and one CQI per sub-band. The 
sub-band size depends on the downlink carrier bandwidth and is in the range of four to 
eight resource blocks. Depending on the sub-mode configured, the PMI and RI are 
also provided as part of this type of report. 


The different aperiodic reporting modes are summarized in Table 13.1. 
The preceding discussion also holds for carrier aggregation, although with some modi- 
fications and enhancements as channel-state reports for multiple downlink component 


Table 13.1 Possible A periodic Reporting Modes for Different Transmission Modes 


Transmission Mode 


Single antenna, 
CRS 

Transmit diversity 
Open-loop spatial 
mux 

Closed-loop spatial 
mux 

Multi-user MIMO 
Codebook-based 
beam-form 
Single-layer trans., 
DM-RS 

Dual-layer trans., 
DM-RS 
Multi-layer trans., 
DM-RS 
Multi-layer trans., 
DM-RS 


1-0: 
No 
PMI 


Wideband CQI 


1-1: 
Wideband 
PMI 


1-2: 
Selective 
PMI 


Reporting Mode 
Frequency-Selective CQI 
UE-Selected Sub-bands Conf. Sub-bands 
2-0: 2-1: 3-0: 3-1: 


No Wideband 2-2:Selective No Wideband 
PMI PMI PMI PMI PMI 
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carriers are typically needed. For aperiodic reporting, the two-bit* CSI request in the 
downlink control signaling allows for three different sets of CSI reports to be requested (the 
fourth bit combination represents no CSI request). Of these three alternatives, one is used to 
trigger a CSI report for the downlink component carrier associated with the uplink component 
carrier the scheduling grant relates to. The remaining alternatives point to one of two con- 
figurable combinations of component carriers for which the CSI report should be generated. 
Thus, as an example, for a terminal capable of two downlink component carriers, aperiodic 
reports can, with the proper configuration, be requested for the primary component carrier, 
the secondary component carrier, or both. 


13.7.3.2 Periodic CSI reports 
Periodic reports are configured by the network to be delivered with a certain periodicity. 
The periodic reports are transmitted on the PUCCH (unless the terminal has a simulta- 
neous grant for PUSCH transmission and is not using simultaneous PUSCH and PUCCH 
transmission). The limited payload possible on PUCCH, compared to PUSCH, implies that 
the different types of information in a periodic report may not be possible to transmit in a 
single subframe. Therefore, some of the reporting modes will transmit one or several of the 
wideband CQI, the wideband CQI including PMI, the RI, and the CQI for the UE-selected 
sub-bands at different time instants. Furthermore, the RI can typically be reported less 
often, compared to the reporting of PMI and CQI, reflecting the fact that the suitable 
number of layers typically varies on a slower basis, compared to the channel variations that 
impact the choice of precoder matrix and modulation rate, and coding scheme. 

Two periodic reporting modes, again with different submodes possible, are supported in 
LTE: 


¢ Wideband reports, reflecting the average channel quality across the entire cell 
bandwidth with a single CQI value. If PMI reporting is enabled, a single PMI valid 
across the full bandwidth is reported. 

¢ UE-selected reports. Although named in the same way as for aperiodic reports, the 
principle for UE-selected periodic reports is different. The total bandwidth (of a 
component carrier) is divided into one to four bandwidth parts, with the number of 
bandwidth parts obtained from the cell bandwidth. For each bandwidth part, the 
terminal selects the best sub-band within that part. The sub-band size ranges from 
four to eight resource blocks. Since the supported payload size of the PUCCH is 
limited, the reporting cycles through the bandwidth parts and in one subframe reports 
the wideband CQI and PMI (if enabled) for that bandwidth part, as well as the best 
sub-band and the CQI for that sub-band. The RI (if enabled) is reported in a separate 
subframe. 


‘Recall from Chapter 10 that the CSI request field expanded from one to two bits in the case of carrier 
aggregation. 
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The different periodic reporting modes are summarized in Table 13.2. Note that all PMI 
reporting, if enabled, is of wideband type. There is no support for frequency-selective PMI in 
periodic reporting, as the amount of bits would result in a too large overhead. 

A typical use of periodic and aperiodic reporting could be to configure lightweight pe- 
riodic CSI reporting PUCCH, for example to provide feedback of the wideband CQI and no 
PMI information (mode 1-0). Upon arrival of data to transmit in the downlink to a specific 
terminal, aperiodic reports could be requested as needed, for example with frequency- 
selective CQI and PMI (mode 3-1). 

For carrier aggregation, the basic principle is to configure the reporting cycles such that the 
CSI reports for the different component carriers are not transmitted simultaneously on 
PUCCH. Thus, CSI reports for different component carriers are transmitted in different 
subframes. 


13.7.4 CSI estimation 


Channel-state reports, irrespective of whether they are aperiodic or periodic, need mea- 
surements of the channel properties as well as the interference level. 

Measuring the channel gain is relatively straightforward and from the first release it is well 
specified which subframe the CSI report relates to. The reference signal which the channel- 
gain estimate is based upon, CRS or CSI-RS, depends on the transmission mode. For 
transmission modes already supported in release 8/9, the cell-specific reference signals are 
used, while for transmission modes 9 and 10, introduced in releases 10 and 11, respectively, 
the CSI-RS is used. 

Measuring the interference level, which is required in order to form a relevant CSI, is more 
cumbersome, and the measurement is greatly affected by the transmission activity in 
neighboring cells. LTE releases 10 and earlier do not specify how to measure the interference 
level, and leave the details for the implementation. However, in practice, interference is 
measured as the noise on the cell-specific reference signals—that is, the residual after sub- 
tracting the reference signal from the received signal in the appropriate resource elements is 
used as an estimate of the interference level. At low loads, this approach unfortunately often 
results in overestimating the interference level as the measurements are dominated by CRS 
transmissions in neighboring cells (assuming the same CRS positions in the neighboring 
cells), irrespective of the actual load in those cells. Furthermore, the terminal may also choose 
to average the interference level across multiple subframes,° further adding to the uncertainty 
on how the interference is measured by the terminal. 

To address these shortcomings and to better support various CoMP schemes, transmission 
mode 10, introduced in release 11, provides tools for the network to control on which resource 
elements the interference is measured. The basis is a so-called CSI Interference Measurement 


In release 10, there was a possibility to limit the interference averaging to different subsets of subframes in 
order to improve the support for heterogeneous deployments (see Chapter 15). 


Table 13.2 Possible Periodic Reporting Modes for Different Transmission Modes 


Reporting Mode 


Frequency-Selective CQI 


Wideband CQI UE-Selected Sub-bands 


1-0: 1-1: 1-2: 2-0: 2-1: 
No Wideband __ Selective No Wideband 2-2: Selective 
Transmission Mode PMI PMI PMI PMI PMI PMI 


Single antenna, . . 
CRS 

Transmit diversity 
Open-loop spatial 
mux 

Closed-loop 
spatial mux 
Multi-user MIMO 
Codebook-based 
beam-form 
Single-layer trans., 
DM-RS 

Dual-layer trans., 
DM-RS 
Multi-layer trans., 
DM-RS 
Multi-layer trans., 
DM-RS 


Conf. Sub-bands 
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No Wideband 
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UO!JELUJOJU! B}e}S-|BUULYD LET 


SVE 


ee 
346 CHAPTER 13 Scheduling and Rate Adaptation 


(CSI-IM) configuration, where a CSI-IM configuration is the set of resource elements in one 
subframe the terminal should use for measuring interference. The received power in the 
resource elements corresponding to the CSI-IM configuration is used as an estimate of the 
interference (and noise). The subframe in which the interference should be measured is 
also specified, thereby avoiding terminal-specific, and to the network unknown, interference 
averaging. 

Configuring a CSI-IM is done in a similar manner as a CSI-RS and the same set of 
configurations is available (see Chapter 10). In practice, a CSI-IM resource would typically 
correspond to a CSI-RS resource in which nothing is transmitted from the cell or, in the 
general case, from a certain transmission point. Thus, in practice, the CSI-IM resource will 
typically be covered by the set of zero-power CSI-RS resources configured for the terminal. 
However, CSI-IM and zero-power CSI-RS serve different purposes. CSI-IM is defined in 
order to specify a set of resource elements on which a terminal should measure the inter- 
ference level, while zero-power CSI-RS is defined in order to specify a set of resource 
elements avoided by the PDSCH mapping. 

Since the CSI-IM does not collide with the CRS in neighboring cells but rather the PDSCH 
(assuming a synchronized network), the interference measurement better reflects the trans- 
mission activity in neighboring cells, leading to a more accurate interference estimate at low 
loads. Hence, with the channel conditions estimated from the CSI-RS and the interference 
situation estimated from the CSI-IM, the network has detailed control of the interference 
situation the CSI report reflects. 

In some scenarios, the eNodeB benefits from multiple CSI reports, derived under different 
interference hypotheses. Therefore, release 11 provides support for up to four CSI processes 
in a terminal, where a CSI process is defined by one CSI-RS configuration and one CSI-IM 
configuration. CSI is then reported separately for each process.° A more in-depth discussion 
on the usage of CSI processes to support CoMP is found in Chapter 15. 


“It is possible to configure rank inheritance, in which case the rank reported by one CSI process is inherited 
from another CSI process. 


ee 


Access Procedures 


The previous chapters have described the LTE uplink and downlink transmission schemes. 
However, prior to transmission of data, the terminal needs to connect to the network. This 
chapter describes the procedures necessary for a terminal to be able to access an LTE-based 
network. 


14.1 Acquisition and cell search 
Before an LTE terminal can communicate with an LTE network it has to do the following: 


e Find and acquire synchronization to a cell within the network. 
¢ Receive and decode the information, also referred to as the cell system information, 
needed to communicate with and operate properly within the cell. 


The first of these steps, often simply referred to as cell search, is discussed in this section. 
The next section then discusses, in more detail, the means by which the network provides the 
cell system information. 

Once the system information has been correctly decoded, the terminal can access the cell 
by means of the random-access procedure as described in Section 14.3. 


14.1.1 Overview of LTE cell search 


A terminal does not only need to carry out cell search at power-up—that is, when initially 
accessing the system. Rather, to support mobility, terminals need to continuously search for, 
synchronize to, and estimate the reception quality of neighboring cells. The reception quality 
of the neighboring cells, in relation to the reception quality of the current cell, is then 
evaluated to conclude if a handover (for terminals in RRC_CONNECTED) or cell reselection 
(for terminals in RRC_IDLE) should be carried out. 

LTE cell search consists of the following basic steps: 


¢ Acquisition of frequency and symbol synchronization to a cell. 

e Acquisition of frame timing of the cell—that is, determination of the start of the 
downlink frame. 

¢ Determination of the physical-layer cell identity of the cell. 
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As already mentioned, for example, in Chapter 10, there are 504 different physical-layer 
cell identities defined for LTE. The set of physical-layer cell identities is further divided into 
168 cell-identity groups, with three cell identities within each group. 

To assist the cell search, two special signals are transmitted on each downlink component 
carrier, the Primary Synchronization Signal (PSS) and the Secondary Synchronization Signal 
(SSS). Although having the same detailed structure, the time-domain positions of the syn- 
chronization signals within the frame differ somewhat depending on whether the cell is 
operating in FDD or TDD: 


¢ In the case of FDD (upper part of Figure 14.1), the PSS is transmitted within the last 
symbol of the first slot of subframes 0 and 5, while the SSS is transmitted within the 
second to last symbol of the same slot—that is, just prior to the PSS. 

e In the case of TDD (lower part of Figure 14.1), the PSS is transmitted within the third 
symbol of subframes 1 and 6—that is, within the DwPTS—while the SSS is transmitted 
in the last symbol of subframes 0 and 5—that is, three symbols ahead of the PSS. 


It should be noted that the difference in PSS/SSS time-domain structure between FDD and 
TDD allows for the terminal to detect the duplex mode of the acquired carrier if this is not 
known in advance. 

Within one cell, the two PSSs within a frame are identical. Furthermore, the PSS of a cell 
can take three different values depending on the physical-layer cell identity of the cell. More 
specifically, the three cell identities within a cell-identity group always correspond to 
different PSS. Thus, once the terminal has detected and identified the PSS of the cell, it has 
found the following: 


e Five-millisecond timing of the cell and thus also the position of the SSS which has a fixed 
offset relative to the PSS.' 

e The cell identity within the cell-identity group. However, the terminal has not yet 
determined the cell-identity group itself—that is, the number of possible cell identities 
has been reduced from 504 to 168. 


Thus, from the SSS, the position of which is known once the PSS has been detected, the 
terminal should find the following: 


e Frame timing (two different alternatives given the found position of the PSS). 
e The cell-identity group (168 alternatives). 


Furthermore, it should be possible for a terminal to do this by the reception of one single 
SSS. The reason is that, for example, in the case when the terminal is searching for cells on 
other carriers, the search window may not be sufficiently large to cover more than one SSS. 


'This assumes that the terminal knows if it has acquired an FDD or a TDD carrier. Otherwise the terminal needs 
to try two different hypotheses regarding the SSS position relative to the PSS, thereby also indirectly detecting 
the duplex mode of the acquired carrier. 
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Time-domain positions of PSS and SSS in case of FDD and TDD 


To enable this, each SSS can take 168 different values corresponding to the 168 different 
cell-identity groups. Furthermore, the set of values valid for the two SSSs within a frame 
(SSS1 in subframe 0 and SSS2 in subframe 5) are different, implying that, from the detection 
of a single SSS, the terminal can determine whether SSS1 or SSS2 has been detected and thus 
determine frame timing. 

Once the terminal has acquired frame timing and the physical-layer cell identity, it has iden- 
tified the cell-specific reference signal. The behavior is slightly different depending on whether 
it is an initial cell search or cell search for the purpose of neighboring cell measurements: 


e In the case of initial cell search—the terminal state is in RRC_IDLE mode—the 
reference signal will be used for channel estimation and subsequent decoding of the BCH 
transport channel to obtain the most basic set of system information. 

¢ Inthe case of mobility measurements—the terminal is in RRC_CONNECTED mode—the 
terminal will measure the received power of the reference signal. If the measurement fulfills 
aconfigurable condition, it will trigger sending of a reference signal received power (RSRP) 
measurement report to the network. Based on the measurement report, the network will 
conclude whether a handover should take place. The RSRP reports can also be used for 
component carrier management,” for example whether an additional component carrier 
should be configured or if the primary component carrier should be reconfigured. 


14.1.2 PSS structure 


On a more detailed level, the three PSSs are three length-63 Zadoff—Chu (ZC) sequences (see 
Section 11.2) extended with five zeros at the edges and mapped to the center 73 subcarriers 


?As discussed in Chapter 9, the specifications use the terms primary and secondary cells instead of primary and 
secondary component carriers. 
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Definition and structure of PSS 


62 subcarriers (not including DC carrier) 


SSS, in 
Subframe 0 


— SSS, in 


Xx . SS XQ ; 
Sequence X *! — b=4 Subframe 5 
aa ' 


72 subcarriers (not including DC carrier) 


OFDM Cyclic-prefix 
modulator insertion 


Sequence Y J 


30-——<———=—_ -?>—~o— 


FIGURE 14.3 


Definition and structure of SSS 


(center six resource blocks) as illustrated in Figure 14.2. It should be noted that the center 
subcarrier is actually not transmitted as it coincides with the DC subcarrier. Thus, only 62 
elements of the length-63 ZC sequences are actually transmitted (element ae is not 
transmitted). 

The PSS thus occupies 72 resource elements (not including the DC carrier) in subframes 
0 and 5 (FDD) and subframes | and 6 (TDD). These resource elements are then not available 
for transmission of DL-SCH. 


14.1.3 SSS structure 

Similar to PSS, the SSS occupies the center 72 resource elements (not including the DC 
carrier) in subframes 0 and 5 (for both FDD and TDD). As described above, the SSS should be 
designed so that: 


¢ The two SSSs (SSS1 in subframe 0 and SSS2 in subframe 5) take their values from sets of 
168 possible values corresponding to the 168 different cell-identity groups. 

e The set of values applicable for SSS2 is different from the set of values applicable for 
SSS1 to allow for frame-timing detection from the reception of a single SSS. 
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The structure of the two SSSs is illustrated in Figure 14.3. SSS1 is based on the frequency 
interleaving of two length-31 m-sequences X and Y, each of which can take 31 different 
values (actually 31 different shifts of the same m-sequence). Within a cell, SSS2 is based on 
exactly the same two sequences as SSS1. However, the two sequences have been swapped in 
the frequency domain, as outlined in Figure 14.3. The set of valid combinations of X and Y 
for SSS1 has then been selected so that a swapping of the two sequences in the frequency 
domain is not a valid combination for SSS1. Thus, the above requirements are fulfilled: 


¢ The set of valid combinations of X and Y for SSS1 (as well as for SSS2) are 168, 
allowing for detection of the physical-layer cell identity. 

e As the sequences X and Y are swapped between SSS1 and SSS2, frame timing can be 
found. 


14.2 System information 


By means of the basic cell-search procedure described in Section 14.1, a terminal synchronizes 
to a cell, acquires the physical-layer identity of the cell, and detects the cell frame timing. 
Once this has been achieved, the terminal has to acquire the cell system information. This is 
information that is repeatedly broadcast by the network and which needs to be acquired by 
terminals in order for them to be able to access and, in general, operate properly within the 
network and within a specific cell. The system information includes, among other things, 
information about the downlink and uplink cell bandwidths, the uplink/downlink configura- 
tion in the case of TDD, detailed parameters related to random-access transmission, etc. 

In LTE, system information is delivered by two different mechanisms relying on two 
different transport channels: 


e A limited amount of system information, corresponding to the so-called Master- 
Information Block (MIB), is transmitted using the BCH. 

e The main part of the system information, corresponding to different so-called System- 
Information Blocks (SIBs), is transmitted using the downlink shared channel (DL-SCH). 


It should be noted that system information in both the MIB and the SIBs corresponds to the 
BCCH logical channel. Thus, as also illustrated in Figure 8.7, BCCH can be mapped to both 
BCH and DL-SCH depending on the exact BCCH information. 


14.2.1 Master information block and BCH transmission 


As mentioned above, the MIB transmitted using BCH consists of a very limited amount of 
system information, mainly such information that is absolutely needed for a terminal to be 
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able to read the remaining system information provided using DL-SCH. More specifically, 
the MIB includes the following information: 


¢ Information about the downlink cell bandwidth. Three bits are available within the MIB 
to indicate the downlink bandwidth. Thus, up to eight different bandwidths, measured in 
number of resource blocks, can be defined for each frequency band. 

e Information about the PHICH configuration of the cell. As mentioned in Section 10.4.2, 
the terminal must know the PHICH configuration to be able to receive the L1/L2 control 
signaling on PDCCH. The PDCCH information, in turn, is needed to acquire the 
remaining part of the system information which is carried on the DL-SCH (see further 
below). Thus, information about the PHICH configuration (three bits) is included in the 
MIB—that is, transmitted using BCH, which can be received and decoded without first 
receiving any PDCCH. 

¢ The System Frame Number (SEN) or, more exactly, all bits except the two least 
significant bits of the SFN are included in the MIB. As described below, the terminal can 
indirectly acquire the two least significant bits of the SFN from the BCH decoding. 


BCH physical-layer processing, such as channel coding and resource mapping, differs 
quite substantially from the corresponding processing and mapping for DL-SCH outlined in 
Chapter 10. 

As can be seen in Figure 14.4, one BCH transport block, corresponding to the MIB, is 
transmitted every 40 ms. The BCH Transmissions Time Interval (TTI) thus equals 40 ms. 

The BCH relies on a 16-bit CRC, in contrast to a 24-bit CRC used for all other downlink 
transport channels. The reason for the shorter BCH CRC is to reduce the relative CRC 
overhead, having the very small BCH transport-block size in mind. 

BCH channel coding is based on the same rate-1/3 tail-biting convolutional code as is used 
for the PDCCH control channel. The reason for using convolutional coding for BCH, rather 
than the Turbo code used for all other transport channels, is the small size of the BCH 
transport block. With such small blocks, tail-biting convolutional coding actually out- 
performs Turbo coding. The channel coding is followed by rate matching, in practice repe- 
tition of the coded bits, and bit-level scrambling. QPSK modulation is then applied to the 
coded and scrambled BCH transport block. 

BCH multi-antenna transmission is limited to transmit diversity—that is, SFBC in the case 
of two antenna ports and combined SFBC/FSTD in the case of four antenna ports. Actually, as 
mentioned in Chapter 10, if two antenna ports are available within the cell, SFBC must be 
used for BCH. Similarly, if four antenna ports are available, combined SFBC/FSTD must be 
used. Thus, by blindly detecting what transmit-diversity scheme is used for BCH, a terminal 
can indirectly determine the number of cell-specific antenna ports within the cell and also the 
transmit-diversity scheme used for the L1/L2 control signaling. 

As can also be seen from Figure 14.4, the coded BCH transport block is mapped to the 
first subframe of each frame in four consecutive frames. However, as can be seen in 
Figure 14.5 and in contrast to other downlink transport channels, the BCH is not mapped on 
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Channel coding and subframe mapping for the BCH transport channel 


a resource-block basis. Instead, the BCH is transmitted within the first four OFDM symbols of 
the second slot of subframe 0 and only over the 72 center subcarriers. Thus, in the case of 
FDD, BCH follows immediately after the PSS and SSS in subframe 0. The corresponding 
resource elements are then not available for DL-SCH transmission. 

The reason for limiting the BCH transmission to the 72 center subcarriers, regardless of 
the cell bandwidth, is that a terminal may not know the downlink cell bandwidth when 
receiving BCH. Thus, when first receiving BCH of a cell, the terminal can assume a cell 
bandwidth equal to the minimum possible downlink bandwidth—that is, six resource blocks 
corresponding to 72 subcarriers. From the decoded MIB, the terminal is then informed about 
the actual downlink cell bandwidth and can adjust the receiver bandwidth accordingly. 

The total number of resource elements to which the coded BCH is mapped is very large 
compared to the size of the BCH transport block, implying extensive repetition coding or, 
equivalently, massive processing gain for the BCH transmission. Such large processing gain 
is needed as it should be possible to receive and correctly decode the BCH also by terminals 
in neighboring cells, implying potentially very low receiver Signal-to-Interference-and-Noise 


3Not including the DC carrier. 
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Detailed resource mapping for the BCH transport channel 


Ratio (SINR) when decoding the BCH. At the same time, many terminals will receive BCH in 
much better channel conditions. Such terminals then do not need to receive the full set of four 
subframes over which a BCH transport block is transmitted to acquire sufficient energy for 
correct decoding of the transport block. Instead, already by receiving only a few or perhaps 
only a single subframe, the BCH transport block may be decodable. 

From the initial cell search, the terminal has found only the cell frame timing. Thus, when 
receiving BCH, the terminal does not know to what set of four subframes a certain BCH 
transport block is mapped. Instead, a terminal must try to decode the BCH at four possible 
timing positions. Depending on which decoding is successful, indicated by a correct CRC 
check, the terminal can implicitly determine 40 ms timing or, equivalently, the two least 
significant bits of the SFN.* This is the reason why these bits do not need to be explicitly 
included in the MIB. 


14.2.2 System-information blocks 

As already mentioned, the MIB on the BCH only includes a very limited part of the 
system information. The main part of the system information is instead included in different 
System-Information Blocks (SIBs) that are transmitted using the DL-SCH. The presence of 


“BCH scrambling is defined with 40 ms periodicity, hence even if the terminal successfully decodes the BCH 
after observing only a single transmission instant, it can determine the 40 ms timing. 
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system information on DL-SCH in a subframe is indicated by the transmission of a corre- 
sponding PDCCH marked with a special System-Information RNTI (SI-RNTD). Similar to the 
PDCCH providing the scheduling assignment for “normal” DL-SCH transmission, this 
PDCCH also indicates the transport format and physical resource (set of resource blocks) 
used for the system-information transmission. 

LTE defines a number of different SIBs characterized by the type of information that is 
included within them: 


¢ SIB1 includes information mainly related to whether a terminal is allowed to camp on the 
cell. This includes information about the operator/operators of the cell, if there are 
restrictions with regards to what users may access the cell, etc. SIB1 also includes 
information about the allocation of subframes to uplink/downlink and configuration of 
the special subframe in the case of TDD. Finally, SIB1 includes information about the 
time-domain scheduling of the remaining SIBs (SIB2 and beyond). 

¢ SIB2 includes information that terminals need in order to be able to access the cell. This 
includes information about the uplink cell bandwidth, random-access parameters, and 
parameters related to uplink power control. 

e SIB3 mainly includes information related to cell reselection. 

¢ SIB4—SIB8 include neighboring-cell-related information, including information related 
to neighboring cells on the same carrier, neighboring cells on different carriers, and 
neighboring non-LTE cells, such as WCDMA/HSPA, GSM, and CDMA2000 cells. 

¢ SIB9 contains the name of the home-eNodeB. 

¢ SIB10-—-SIB12 contain public warning messages, for example earthquake information. 

¢ SIB13 contains information necessary for MBMS reception (see also Chapter 17). 

¢ SIB14 is used to provide enhanced access barring information, controlling the 
possibilities for terminals to access the cell. 

¢ SIB15 contains information necessary for MBMS reception on neighboring carrier 
frequencies. 

¢ SIB16 contains information related to GPS time and Coordinated Universal Time (UTC). 


Not all the SIBs need to be present. For example, SIB9 is not relevant for an operator- 
deployed node and SIB13 is not necessary if MBMS is not provided in the cell. 

Similar to the MIB, the SIBs are broadcasted repeatedly. How often a certain SIB needs to 
be transmitted depends on how quickly terminals need to acquire the corresponding system 
information when entering the cell. In general, a lower-order SIB is more time critical and is 
thus transmitted more often compared to a higher-order SIB. SIB1 is transmitted every 80 ms, 
whereas the transmission period for the higher-order SIBs is flexible and can be different for 
different networks. 
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The SIBs represent the basic system information to be transmitted. The different SIBs are 
then mapped to different System-Information messages (SIs), which correspond to the actual 
transport blocks to be transmitted on DL-SCH. SIB1 is always mapped, by itself, on to the 
first system-information message SI-1,° whereas the remaining SIBs may be group-wise 
multiplexed on to the same SI subject to the following constraints: 


e The SIBs mapped to the same SI must have the same transmission period. Thus, as an 
example, two SIBs with a transmission period of 320 ms can be mapped to the same SI, 
whereas an SIB with a transmission period of 160 ms must be mapped to a different SI. 

e The total number of information bits that is mapped to a single SI must not exceed what 
is possible to transmit within a transport block. 


It should be noted that the transmission period for a given SIB might be different in 
different networks. For example, different operators may have different requirements 
concerning the period when different types of neighboring-cell information needs to be 
transmitted. Furthermore, the amount of information that can fit into a single transport 
block very much depends on the exact deployment situation, such as cell bandwidth, cell 
size, and so on. 

Thus, in general, the SIB-to-SI mapping for SIBs beyond SIB1 is flexible and may be 
different for different networks or even within a network. An example of SIB-to-SI mapping 
is illustrated in Figure 14.6. In this case, SIB2 is mapped to SI-2 with a transmission period of 
160 ms. SIB3 and SIB4 are multiplexed into SI-3 with a transmission period of 320 ms, 
whereas SIB5, which also requires a transmission period of 320 ms, is mapped to a separate 
SI (SI-4). Finally, SIB6, SIB7, and SIB8 are multiplexed into SI-5 with a transmission period 
of 640 ms. Information about the detailed SIB-to-SI mapping, as well as the transmission 
period of the different SIs, is provided in SIB1. 

Regarding the more detailed transmission of the different system-information messages, 
there is a difference between the transmission of SI-1, corresponding to SIB1, and the 
transmission of the remaining SIs. 


SIB1 SIB2 SIB3 SIB4 SIB5 SIB6 SIB7 SIB8 
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SI-1 SI-2 SI-3 SI-4 SI-5 
Period: 80 ms 160 ms 320 ms 320 ms 640 ms 


FIGURE 14.6 
Example of mapping of SIBs to Sls 


>Strictly speaking, as SIB1 is not multiplexed with any other SIBs, it is not even said to be mapped to an SI. 
Rather, SIB1 in itself directly corresponds to the transport block. 
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The transmission of SI-1 has only a limited flexibility. More specifically, SI-1 is always 
transmitted within subframe 5. However, the bandwidth or, in general, the set of resource 
blocks over which SI-1 is transmitted, as well as other aspects of the transport format, may 
vary and is signaled on the associated PDCCH. 

For the remaining SIs, the scheduling on DL-SCH is more flexible in the sense that each SI 
can, in principle, be transmitted in any subframe within time windows with well-defined 
starting points and durations. The starting point and duration of the time window of each 
SI are provided in SIB-1. It should be noted that an SI does not need to be transmitted on 
consecutive subframes within the time window, as is illustrated in Figure 14.7. Within the 
time window, the presence of system information in a subframe is indicated by the SI-RNTI 
on PDCCH, which also provides the frequency-domain scheduling as well as other param- 
eters related to the system-information transmission. 

Different SIs have different non-overlapping time windows. Thus, a terminal knows what 
SI is being received without the need for any specific identifier for each SI. 

In case of a relatively small SI and a relatively large system bandwidth, a single subframe 
may be sufficient for the transmission of the SI. In other cases, multiple subframes may be 
needed for the transmission of a single SI. In the latter case, instead of segmenting each SI 
into sufficiently small blocks that are separately channel coded and transmitted in separate 
subframes, the complete SI is channel coded and mapped to multiple, not necessarily 
consecutive, subframes. 

Similar to the case of the BCH, terminals that are experiencing good channel conditions 
may then be able to decode the complete SI after receiving only a subset of the subframes to 
which the coded SI is mapped, while terminals in bad positions need to receive more sub- 
frames for proper decoding of the SI. This approach has two benefits: 


e Similar to BCH decoding, terminals in good positions need to receive fewer subframes, 
implying the possibility for reduced terminal power consumption. 

¢ The use of larger code blocks in combination with Turbo coding leads to improved 
channel-coding gain. 


Strictly speaking the single transport block containing the SI is not transmitted over 
multiple subframes. Rather, the subsequent SI transmissions are seen as autonomous 
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hybrid-ARQ retransmissions of the first SI transmission—that is, retransmissions taking place 
without any explicit feedback signaling provided on the uplink. 

For terminals capable of carrier aggregation, the system information for the primary 
component carrier is obtained as described above. For secondary component carriers, the 
terminal does not need to read the system-information blocks but assumes that the infor- 
mation obtained for the primary component carrier also holds for the secondary component 
carriers. System information specific for the secondary component carrier is provided through 
dedicated RRC signaling as part of the procedure to configure an additional secondary 
component carrier. Using dedicated signaling instead of reading the system information on 
the secondary component carrier enables faster activation of secondary component carriers as 
the terminal otherwise would have to wait until the relevant system information had been 
transmitted. 


14.3 Random access 


A fundamental requirement for any cellular system is the possibility for the terminal to 
request a connection setup, commonly referred to as random access. In LTE, random access is 
used for several purposes, including: 


e for initial access when establishing a radio link (moving from RRC_IDLE to 
RRC_CONNECTED; see Chapter 8 for a discussion on different terminal states); 

¢ to re-establish a radio link after radio-link failure; 

e for handover when uplink synchronization needs to be established to the new cell; 

e to establish uplink synchronization if uplink or downlink data arrives when the terminal 
is in RRC_CONNECTED and the uplink is not synchronized; 

e for the purpose of positioning using positioning methods based on uplink 
measurements; 

e as a scheduling request if no dedicated scheduling-request resources have been 
configured on PUCCH (see Chapter 13 for a discussion on uplink scheduling 
procedures). 


Acquisition of uplink timing is a main objective for all the cases above; when establishing 
an initial radio link (that is, when moving from RRC_IDLE to RRC_CONNECTED), the 
random-access procedure also serves the purpose of assigning a unique identity, the C-RNTI, 
to the terminal. 

Either a contention-based or a contention-free scheme can be used, depending on the 
purpose. Contention-based random access can be used for all previously discussed purposes, 
while contention-free random access can only be used for re-establishing uplink synchro- 
nization upon downlink data arrival, uplink synchronization of secondary component carriers, 
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Overview of the random-access procedure 


handover, and positioning. The basis for the random access is the four-step procedure 
illustrated in Figure 14.8, with the following steps: 


1. The transmission of a random-access preamble, allowing the eNodeB to estimate the 
transmission timing of the terminal. Uplink synchronization is necessary as the terminal 
otherwise cannot transmit any uplink data. 

2. The network transmits a timing advance command to adjust the terminal transmit timing, 
based on the timing estimate obtained in the first step. In addition to establishing uplink 
synchronization, the second step also assigns uplink resources to the terminal to be used 
in the third step in the random-access procedure. 

3. The transmission of the mobile-terminal identity to the network using the UL-SCH 
similar to normal scheduled data. The exact content of this signaling depends on the state 
of the terminal, in particular whether it is previously known to the network or not. 

4. The final step consists of transmission of a contention-resolution message from the 
network to the terminal on the DL-SCH. This step also resolves any contention due to 
multiple terminals trying to access the system using the same random-access resource. 
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Only the first step uses physical-layer processing specifically designed for random access. 
The subsequent three steps utilize the same physical-layer processing as used for normal 
uplink and downlink data transmission. In the following, each of these steps is described in 
more detail. Only the first two steps of the preceding procedure are used for contention-free 
random access as there is no need for contention resolution in a contention-free scheme. 

Both the terminal and the network can initiate a random-access attempt. In the latter case, 
RRC signaling or a so-called PDCCH order is used. A PDCCH order is a specific message 
transmitted on the PDCCH, containing information about when to initiate the random-access 
procedure and, in case of a contention-free random access, the preamble to use. PDCCH 
orders are primarily intended as a tool for the network to re-establish uplink synchronization 
but can be used for other purposes as well. A terminal may perform random access on its 
primary component carrier only®, except for establishing uplink timing alignment for a 
secondary timing advance group. 


14.3.1 Step 1: Random-access preamble transmission 


The first step in the random-access procedure is the transmission of a random-access pre- 
amble. The main purpose of the preamble transmission is to indicate to the base station the 
presence of a random-access attempt and to allow the base station to estimate the delay 
between the eNodeB and the terminal. The delay estimate will be used in the second step to 
adjust the uplink timing. 

The time-frequency resource on which the random-access preamble is transmitted is 
known as the Physical Random-Access Channel (PRACH). The network broadcasts infor- 
mation to all terminals in which time-frequency resource random-access preamble trans- 
mission is allowed (that is, the PRACH resources), in SIB-2. As part of the first step of the 
random-access procedure, the terminal selects one preamble to transmit on the PRACH. 

In each cell, there are 64 preamble sequences available. Two subsets of the 64 sequences 
are defined as illustrated in Figure 14.9, where the set of sequences in each subset is signaled 
as part of the system information. When performing a (contention-based) random-access 
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Preamble subsets 


“The primary component carrier is terminal-specific as already discussed; hence, from an eNodeB perspective, 
random access may occur on multiple component carriers. 
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attempt, the terminal selects at random one sequence in one of the subsets. As long as no other 
terminal is performing a random-access attempt using the same sequence at the same time 
instant, no collisions will occur and the attempt will, with a high likelihood, be detected by 
the eNodeB. 

The subset to select the preamble sequence from is given by the amount of data the ter- 
minal would like to (and from a power perspective can) transmit on the UL-SCH in the third 
random-access step. Hence, from the preamble the terminal used, the eNodeB will get some 
guidance on the amount of uplink resources to be granted to the terminal. 

If the terminal has been requested to perform a contention-free random access, for 
example for handover to a new cell, the preamble to use is explicitly indicated from the 
eNodeB. To avoid collisions, the eNodeB should preferably select the contention-free pre- 
amble from sequences outside the two subsets used for contention-based random access. 


14.3.1.1 PRACH time-frequency resources 

In the frequency domain, the PRACH resource, illustrated in Figure 14.10, has a bandwidth 
corresponding to six resource blocks (1.08 MHz). This nicely matches the smallest uplink cell 
bandwidth of six resource blocks in which LTE can operate. Hence, the same random-access 
preamble structure can be used, regardless of the transmission bandwidth in the cell. 

In the time domain, the length of the preamble region depends on the configured preamble, 
as will be discussed further below. The basic random-access resource is 1 ms in duration, but 
it is also possible to configure longer preambles. Also, note that the eNodeB uplink scheduler 
in principle can reserve an arbitrary long-random-access region by simply avoiding sched- 
uling terminals in multiple subsequent subframes. 

Typically, the eNodeB avoids scheduling any uplink transmissions in the time—frequency 
resources used for random access, resulting in the random-access preamble being orthogonal 
to user data. This avoids interference between UL-SCH transmissions and random-access 
attempts from different terminals. However, from a specification perspective, nothing pre- 
vents the uplink scheduler from scheduling transmissions in the random-access region. 
Hybrid-ARQ retransmissions are examples of this; synchronous non-adaptive hybrid-ARQ 


ee Uplink resources used for Uplink resources reserved for random- 


ims ; a data transmission access preamble transmission 


10 ms frame 


FIGURE 14.10 


Principal illustration of random-access preamble transmission 


eee 
362 CHAPTER 14 Access Procedures 


retransmissions may overlap with the random-access region and it is up to the implementation 
to handle this, either by moving the retransmissions in the frequency domain as discussed in 
Chapter 12 or by handling the interference at the eNodeB receiver. 

For FDD, there is at most one random-access region per subframe—that is, multiple 
random-access attempts are not multiplexed in the frequency domain. From a delay 
perspective, it is better to spread out the random-access opportunities in the time domain to 
minimize the average waiting time before a random-access attempt can be initialized. 

For TDD, multiple random-access regions can be configured in a single subframe. The 
reason is the smaller number of uplink subframes per radio frame in TDD. To maintain the 
same random-access capacity as in FDD, frequency-domain multiplexing is sometimes 
necessary. The number of random-access regions is configurable and can vary from one per 
20 ms to one per 1 ms for FDD; for TDD up to six attempts per 10 ms radio frame can be 
configured. 


14.3.1.2 Preamble structure and sequence selection 
The preamble consists of two parts: 


e Preamble sequence. 
¢ Cyclic prefix. 


Furthermore, the preamble transmission uses a guard period to handle the timing uncer- 
tainty. Prior to starting the random-access procedure, the terminal has obtained downlink 
synchronization from the cell-search procedure. However, as uplink synchronization has not 
yet been established prior to random access, there is an uncertainty in the uplink timing’ as 
the location of the terminal in the cell is not known. The uplink timing uncertainty is pro- 
portional to the cell size and amounts to 6.7 t1s/km. To account for the timing uncertainty and 
to avoid interference with subsequent subframes not used for random access, a guard time is 
used as part of the preamble transmission—that is, the length of the actual preamble is shorter 
than 1 ms. 

Including a cyclic prefix as part of the preamble is beneficial as it allows for frequency- 
domain processing at the base station (discussed further below), which can be 
advantageous from a complexity perspective. Preferably, the length of the cyclic prefix is 
approximately equal to the length of the guard period. With a preamble sequence length of 
approximately 0.8 ms, there is 0.1 ms cyclic prefix and 0.1 ms guard time. This allows for cell 
sizes up to 15 km and is the typical random-access configuration, configuration O in 
Figure 14.11. To handle larger cells, where the timing uncertainty is larger, preamble con- 
figurations 1-3 can be used. Some of these configurations also support a longer preamble 
sequence to increase the preamble energy at the detector, which can be beneficial in larger 
cells. The preamble configuration used in a cell is signaled as part of the system information. 


’The start of an uplink frame at the terminal is defined relative to the start of a downlink frame received at the 
terminal. 
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Different preamble formats 


Finally, note that guard times larger than those in Figure 14.11 can easily be created by not 
scheduling any uplink transmissions in the subframe following the random-access resource. 

The preamble formats in Figure 14.11 are applicable to both FDD and TDD. However, for 
TDD, there is an additional fourth preamble configuration for random access. In this 
configuration, the random-access preamble is transmitted in the UpPTS field of the special 
subframe instead of in a normal subframe. Since this field is at most two OFDM symbols 
long, the preamble and the possible guard time are substantially shorter than the preamble 
formats described above. Hence, format 4 is applicable to very small cells only. The location 
of the UpPTS, next to the downlink-to-uplink switch for TDD, also implies that the inter- 
ference from distant base stations may interfere with this short random-access format, which 
limits its usage to small cells and certain deployment scenarios. 


14.3.1.3 PRACH power setting 
The basis for setting the transmission power of the random-access preamble is a downlink 
path-loss estimate obtained from measuring the cell-specific reference signals on the primary 
downlink component carrier. From this path-loss estimate, the initial PRACH transmission 
power is obtained by adding a configurable offset. 

The LTE random-access mechanism allows power ramping where the actual PRACH 
transmission power is increased for each unsuccessful random-access attempt. For the first 
attempt, the PRACH transmission power is set to the initial PRACH power. In most cases, this 
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is sufficient for the random-access attempts to be successful. However, if the random-access 
attempt fails (random-access failures are detected at the second of four random-access steps, 
as described in the following sections), the PRACH transmission power for the next attempt is 
increased by a configurable step size to increase the likelihood of the next attempt being 
successful. 

Since the random-access preamble is orthogonal to the user data, the need for power 
ramping to control intra-cell interference is smaller than in other systems with non-orthogonal 
random access and in many cases the transmission power is set such that the first random- 
access attempt with a high likelihood is successful. This is beneficial from a delay 
perspective. 


14.3.1.4 Preamble sequence generation 

The preamble sequences are generated from cyclic shifts of root Zadoff—Chu sequences [74]. 
Zadoff—Chu sequences are also used for creating the uplink reference signals as described in 
Chapter 11, where the structure of those sequences is described. From each root Zadoff—Chu 
sequence xe (k), [Nzc/Ncs] cyclically shifted® sequences are obtained by cyclic shifts of 
Ncs each, where Nzc is the length of the root Zadoff—Chu sequence. The generation of the 
random-access preamble is illustrated in Figure 14.12. Although the figure illustrates gen- 
eration in the time domain, frequency-domain generation can equally well be used in an 
implementation. 

Cyclically shifted Zadoff-Chu sequences possess several attractive properties. The 
amplitude of the sequences is constant, which ensures efficient power amplifier utilization 
and maintains the low PAR properties of the single-carrier uplink. The sequences also have 
ideal cyclic auto-correlation, which is important for obtaining an accurate timing estimation 
at the eNodeB. Finally, the cross-correlation between different preambles based on cyclic 
shifts of the same Zadoff—Chu root sequence is zero at the receiver, as long as the cyclic shift 
Ncs used when generating the preambles is larger than the maximum round-trip propagation 
time in the cell plus the maximum delay spread of the channel. Therefore, due to the ideal 
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Random-access preamble generation 


’The cyclic shift is in the time domain. Similar to the uplink reference signals and control signaling, this can 
equivalently be described as a phase rotation in the frequency domain. 
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cross-correlation property, there is no intra-cell interference from multiple random-access 
attempts using preambles derived from the same Zadoff—Chu root sequence. 

To handle different cell sizes, the cyclic shift Ncs is signaled as part of the system in- 
formation. Thus, in smaller cells, a small cyclic shift can be configured, resulting in a larger 
number of cyclically shifted sequences being generated from each root sequence. For cell 
sizes below 1.5 km, all 64 preambles can be generated from a single root sequence. In larger 
cells, a larger cyclic shift needs to be configured and to generate the 64 preamble sequences, 
multiple root Zadoff—Chu sequences must be used in the cell. Although the larger number of 
root sequences is not a problem in itself, the zero cross-correlation property only holds be- 
tween shifts of the same root sequence and from an interference perspective it is therefore 
beneficial to use as few root sequences as possible. 

Reception of the random-access preamble is discussed further below, but in principle it is 
based on correlation of the received signal with the root Zadoff—Chu sequences. One 
disadvantage of Zadoff—Chu sequences is the difficulties in separating a frequency offset 
from the distance-dependent delay. A frequency offset results in an additional correlation 
peak in the time domain, a correlation peak that corresponds to a spurious terminal-to-base- 
station distance. In addition, the true correlation peak is attenuated. At low-frequency offsets, 
this effect is small and the detection performance is hardly affected. However, at high Doppler 
frequencies, the spurious correlation peak can be larger than the true peak. This results in 
erroneous detection; the correct preamble may not be detected or the delay estimate may be 
incorrect. 

To avoid the ambiguities from spurious correlation peaks, the set of preamble sequences 
generated from each root sequence can be restricted. Restrictions imply that only some of the 
sequences that can be generated from a root sequence are used to define random-access 
preambles. Whether restrictions should be applied or not to the preamble generation is 
signaled as part of the system information. The location of the spurious correlation peak 
relative to the “true” peak depends on the root sequence and hence different restrictions have 
to be applied to different root sequences. The restrictions to apply are broadcasted as part of 
the system information in the cell. 


14.3.1.5 Preamble detection 
The base-station processing is implementation specific, but due to the cyclic prefix included 
in the preamble, low-complexity frequency-domain processing is possible. An example 
hereof is shown in Figure 14.13. Samples taken in a time-domain window are collected and 
converted into the frequency-domain representation using an FFT. The window length is 
0.8 ms, which is equal to the length of the Zadoff-Chu sequence without a cyclic prefix. This 
allows handling timing uncertainties up to 0.1 ms and matches the guard time defined for the 
basic preamble configuration. 

The output of the FFT, representing the received signal in the frequency domain, is 
multiplied by the complex-conjugate frequency-domain representation of the root Zadoff- 
Chu sequence and the result is fed through an IFFT. By observing the IFFT outputs, it is 
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FIGURE 14.13 


Random-access preamble detection in the frequency domain 


possible to detect which of the shifts of the root Zadoff-Chu sequence has been transmitted 
and its delay. Basically, a peak of the IFFT output in interval i corresponds to the ie cyclically 
shifted sequence and the delay is given by the position of the peak within the interval. This 
frequency-domain implementation is computationally efficient and allows simultaneous 
detection of multiple random-access attempts using different cyclically shifted sequences 
generated from the same root Zadoff-Chu sequence. In the case of multiple attempts there will 
simply be a peak in each of the corresponding intervals. 


14.3.2 Step 2: Random-access response 


In response to the detected random-access attempt, the eNodeB will, as the second step of the 
random-access procedure, transmit a message on the DL-SCH, containing: 


e The index of the random-access preamble sequences the network detected and for which 
the response is valid. 

e The timing correction calculated by the random-access preamble receiver. 

e Ascheduling grant, indicating resources the terminal will use for the transmission of the 
message in the third step. 

e A temporary identity, the TC-RNTI, used for further communication between the 
terminal and the network. 


If the network detects multiple random-access attempts (from different terminals), the 
individual response messages of multiple terminals can be combined in a single transmission. 
Therefore, the response message is scheduled on the DL-SCH and indicated on a PDCCH 
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using an identity reserved for random-access response, the RA-RNTI.’ The usage of the 
RA-RNTI is also necessary, as a terminal may not have a unique identity in the form of a 
C-RNTI allocated. All terminals that have transmitted a preamble monitor the L1/L2 control 
channels for random-access response within a configurable time window. The timing of the 
response message is not fixed in the specification in order to be able to respond to many 
simultaneous accesses. It also provides some flexibility in the base-station implementation. If 
the terminal does not detect a random-access response within the time window, the attempt 
will be declared as failed and the procedure will repeat from the first step again, possibly with 
an increased preamble transmission power. 

As long as the terminals that performed random access in the same resource used different 
preambles, no collision will occur and from the downlink signaling it is clear to which ter- 
minal(s) the information is related. However, there is a certain probability of contention—that 
is, multiple terminals using the same random-access preamble at the same time. In this case, 
multiple terminals will react upon the same downlink response message and a collision 
occurs. Resolving these collisions is part of the subsequent steps, as discussed below. 
Contention is also one of the reasons why hybrid ARQ is not used for transmission of the 
random-access response. A terminal receiving a random-access response intended for another 
terminal will have incorrect uplink timing. If hybrid ARQ were used, the timing of the hybrid- 
ARQ acknowledgement for such a terminal would be incorrect and may disturb uplink 
control signaling from other users. 

Upon reception of the random-access response in the second step, the terminal will adjust 
its uplink transmission timing and continue to the third step. If contention-free random access 
using a dedicated preamble is used, then this is the last step of the random-access procedure as 
there is no need to handle contention in this case. Furthermore, the terminal already has a 
unique identity allocated in the form of a C-RNTI. 


14.3.3 Step 3: Terminal identification 


After the second step, the uplink of the terminal is time synchronized. However, before user 
data can be transmitted to/from the terminal, a unique identity within the cell, the C-RNTI, 
must be assigned to the terminal (unless the terminal already has a C-RNTI assigned). 
Depending on the terminal state, there may also be a need for additional message exchange 
for setting up the connection. 

In the third step, the terminal transmits the necessary messages to the eNodeB using the 
UL-SCH resources assigned in the random-access response in the second step. Transmitting 
the uplink message in the same manner as scheduled uplink data instead of attaching it to the 
preamble in the first step is beneficial for several reasons. First, the amount of information 
transmitted in the absence of uplink synchronization should be minimized, as the need for a 


There are actually several RA-RNTIs defined. Which RA-RNTI a terminal is listening to is given by the time 
and frequency resource upon which the random-access preamble was transmitted. 
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large guard time makes such transmissions relatively costly. Secondly, the use of the 
“normal” uplink transmission scheme for message transmission allows the grant size and 
modulation scheme to be adjusted to, for example, different radio conditions. Finally, it al- 
lows for hybrid ARQ with soft combining for the uplink message. The latter is an important 
aspect, especially in coverage-limited scenarios, as it allows for the use of one or several 
retransmissions to collect sufficient energy for the uplink signaling to ensure a sufficiently 
high probability of successful transmission. Note that RLC retransmissions are not used for 
the uplink RRC signaling in step 3. 

An important part of the uplink message is the inclusion of a terminal identity, as this 
identity is used as part of the contention-resolution mechanism in the fourth step. If the 
terminal is in the RRC_CONNECTED state—that is, connected to a known cell and therefore 
has a C-RNTI assigned—this C-RNTI is used as the terminal identity in the uplink message.'° 
Otherwise, a core-network terminal identifier is used and the eNodeB needs to involve the 
core network prior to responding to the uplink message in step 3. 

Terminal-specific scrambling is used for transmission on UL-SCH, as described in 
Chapter 11. However, as the terminal may not yet have been allocated its final identity, 
the scrambling cannot be based on the C-RNTI. Instead, a temporary identity is used 
(TC-RNTD). 


14.3.4 Step 4: Contention resolution 


The last step in the random-access procedure consists of a downlink message for contention 
resolution. Note that, from the second step, multiple terminals performing simultaneous 
random-access attempts using the same preamble sequence in the first step listen to the same 
response message in the second step, and therefore have the same temporary identifier. 
Hence, the fourth step in the random-access procedure is a contention-resolution step to 
ensure that a terminal does not incorrectly use another terminal’s identity. The contention 
resolution mechanism differs somewhat depending on whether the terminal already has a 
valid identity in the form of a C-RNTI or not. Note that the network knows from the uplink 
message received in step three whether the terminal has a valid C-RNTI or not. 

If the terminal already had a C-RNTI assigned, contention resolution is handled by 
addressing the terminal on the PDCCH using the C-RNTI. Upon detection of its C-RNTI on 
the PDCCH the terminal will declare the random access attempt successful, and there is no 
need for contention-resolution-related information on the DL-SCH. Since the C-RNTI is 
unique to one terminal, unintended terminals will ignore this PDCCH transmission. 

If the terminal does not have a valid C-RNTI, the contention resolution message is 
addressed using the TC-RNTI, and the associated DL-SCH contains the contention-resolution 
message. The terminal will compare the identity in the message with the identity transmitted 
in the third step. Only a terminal which observes a match between the identity received in the 


‘The terminal identity is included as a MAC control element on the UL-SCH. 


0 
14.4 Paging 369 


fourth step and the identity transmitted as part of the third step will declare the random-access 
procedure successful and promote the TC-RNTI from the second step to the C-RNTI. Since 
uplink synchronization has already been established, hybrid ARQ is applied to the downlink 
signaling in this step, and terminals with a match between the identity they transmitted in the 
third step and the message received in the fourth step will transmit a hybrid-ARQ 
acknowledgement in the uplink. 

Terminals that do not detect PDCCH transmission with their C-RNTI or do not find a 
match between the identity received in the fourth step and the respective identity transmitted 
as part of the third step are considered to have failed the random-access procedure and need to 
restart the procedure from the first step. No hybrid-ARQ feedback is transmitted from these 
terminals. Furthermore, a terminal that has not received the downlink message in step 4 
within a certain time from the transmission of the uplink message in step 3 will declare the 
random-access procedure as failed and need to restart from the first step. 


14.4 Paging 


Paging is used for network-initiated connection setup when the terminal is in RRC_IDLE. In 
LTE, the same mechanism as for “normal”? downlink data transmission on the DL-SCH is 
used and the mobile terminal monitors the L1/L2 control signaling for downlink scheduling 
assignments related to paging. Since the location of the terminal typically is not known on a 
cell level, the paging message is typically transmitted across multiple cells in the so-called 
tracking area (the tracking area is controlled by the MME; see [9] for a discussion on 
tracking areas). 

An efficient paging procedure should allow the terminal to sleep with no receiver pro- 
cessing most of the time and to briefly wake up at predefined time intervals to monitor paging 
information from the network. Therefore, a paging cycle is defined, allowing the terminal to 
sleep most of the time and only briefly wake up to monitor the L1/L2 control signaling. If the 
terminal detects a group identity used for paging (the P-RNTI) when it wakes up, it will 
process the corresponding downlink paging message transmitted on the PCH. The paging 
message includes the identity of the terminal(s) being paged, and a terminal not finding its 
identity will discard the received information and sleep according to the DRX cycle. As the 
uplink timing is unknown during the DRX cycles, no hybrid-ARQ acknowledgements can be 
transmitted and consequently hybrid ARQ with soft combining is not used for paging 
messages. 

The network configures in which subframes a terminal should wake up and listen for 
paging. Typically, the configuration is cell specific, although there is a possibility to com- 
plement the setting by terminal-specific configuration. In which frame a given terminal 
should wake up and search for the P-RNTI on a PDCCH is determined by an equation taking 
as input the identity of the terminal as well as a cell-specific and (optionally) a terminal- 
specific paging cycle. The identity used is the so-called IMSI, an identity coupled to the 
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Illustration of paging cycles 


Table 14.1 Paging Cycles and Paging Subframes 
Number of Paging Subframes per Paging Cycle 


1/32 1/16 1/8 1/4 1/2 1 2 4 
Paging subframes in a FDD 9 9 9 9 9 9 49 O,4,5,9 
paging frame TDD 0 0) 0 0 0 ©. 05 .01,5,6 


subscription, as an idle mode terminal does not have a C-RNTI allocated, and the paging 
cycle for a terminal can range from once per 256 up to once per 32 frames. The subframe 
within a frame to monitor for paging is also derived from the IMSI. Since different terminals 
have different IMSI, they will compute different paging instances. Hence, from a network 
perspective, paging may be transmitted more often than once per 32 frames, although not all 
terminals can be paged at all paging occasions as they are distributed across the possible 
paging instances, as shown in Figure 14.14. 

Paging messages can only be transmitted in some subframes, ranging from one subframe 
per 32 frames up to a very high paging capacity with paging in four subframes in every frame. 
The configurations are shown in Table 14.1. Note that, from a network perspective, the cost of 
a short paging cycle is minimal as resources not used for paging can be used for normal data 
transmission and are not wasted. However, from a terminal perspective, a short paging cycle 
increases the power consumption as the terminal needs to wake up frequently to monitor the 
paging instants. 

In addition to initiating connection to terminals being in RRC_IDLE, paging can also be 
used to inform terminals in RRC_IDLE as well as RRC_CONNECTED about changes of 
system information. A terminal being paged for this reason knows that the system infor- 
mation will change and therefore needs to acquire the update system information as described 
in Section 14.2. 


ee 


Multi-Point Coordination 
and Transmission 


The principle of spatial reuse lies at the core of any radio-communication system. Spatial reuse 
implies that the same communication resource, in the LTE case the same time-frequency 
resource, is simultaneously used for communication at different, spatially separated locations. 

Inherently, transmissions carried out on the same time-frequency resource will cause 
interference to each other. To limit this interference, early cellular technologies relied on a 
static frequency separation between neighbor cells. As an example, in a reuse-3 deployment 
the overall set of available frequency resources is divided into three groups. As illustrated in 
Figure 15.1, only frequencies of one of these groups are then used within a given cell, with 
frequencies of other groups being used in the most neighboring cells. Interference from 
transmissions in the most neighboring cells is then avoided, and each communication link 
will experience a relatively high signal-to-interference ratio (SIR) regardless of the terminal 
position within the coverage area. 

However, for modern mobile-broadband technologies such as LTE, which should be able 
to provide very high end-user data rates when the channel conditions so allow, this is not a 
good approach. Being hard-limited to only a fraction of the overall available spectrum at a 
given transmission point would reduce the maximum achievable transmission bandwidth that 
can be used at the transmission point, with a corresponding reduction in the maximum 
achievable data rates as a consequence.’ 


<=> 1° group of frequencies 
2°¢ group of frequencies 
<S 3" group of frequencies 


FIGURE 15.1 


Reuse-3 deployment 


‘Instead of “cell” we here use the more general term “(network) transmission point.” For a homogeneous 
deployment, which is the focus of this chapter, one can typically assume that each “transmission point” cor- 
responds to a “cell.” For the case of heterogeneous deployments, which is the topic of the next chapter, the 
distinction will in some cases be more important. 
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Even more important, in a mobile broadband system dominated by highly dynamic 
packet-data traffic there is frequently no data available for transmission at a given trans- 
mission point. Having statically assigned a part of the overall available spectrum to that 
transmission point with no possibility to use the corresponding frequency resources to pro- 
vide higher instantaneous transmission capacity at neighboring transmission points would 
imply an inefficient use of the available spectrum. Rather, in order to maximize system 
efficiency, as well as to enable as high as possible end-user data rates, a mobile broadband 
system should be deployed such that, fundamentally, all frequency resources are available for 
use at each transmission point. 

At the same time, for the specific case of transmission to a terminal close to the border 
between the coverage areas of two transmission points (see Figure 15.2), end-user quality as 
well as overall efficiency would be further improved if interference from the neighboring 
transmission point could be avoided. 

Thus, even if all frequency resources should fundamentally be available for use at each 
transmission point, coordination across the transmission points can be beneficial. Such co- 
ordination could, for example, imply avoiding transmission, or transmitting with lower power 
or in a different direction (beam-forming), on a certain time-frequency resource in order to 
reduce the interference to terminals served by other, neighboring transmission points if such a 
terminal would otherwise experience severe interference. 

In certain cases, one could even consider using both transmission points for transmission 
to the same terminal. This would not only avoid interference from the neighboring trans- 
mission point, but would also boost the overall signal power available for transmission to the 
terminal. 

The preceding discussion implicitly assumed downlink transmission, with terminal 
reception being interfered by downlink transmissions from other network transmission points. 
However, the concept of coordination between network points as a means to better control the 
interference levels is applicable also to the uplink, although the interference situation in this 
case is somewhat different. 

For the uplink, the interference level experienced by a certain link does not depend on 
where the transmitting terminal is located but rather on the location of the interfering ter- 
minals, with interfering terminals closer to the border between two, in this case, network 


FIGURE 15.2 


Downlink interference to terminal close to the border between two transmission points 
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FIGURE 15.3 


Uplink interference from a terminal close to the border between two reception points 


reception points causing more interference to the neighboring reception point (see 
Figure 15.3). Still, the fundamental goal of uplink coordination is the same as for the 
downlink—that is, to avoid the most severe interference situations. 

One can envision two main deployment scenarios when considering coordination between 
network points: 


¢ Coordination within a homogeneous deployment, primarily between nodes in a macro 
deployment. 

¢ Coordination within a heterogeneous deployment, for example between a macro node 
and under-laid lower-power nodes. 


The focus of this chapter will be on the first type of coordination—coordination within ho- 
mogeneous deployments. Heterogeneous deployments will create additional challenges and 
corresponding need for coordination between transmission points. This will be further discussed 
in the next chapter as part of a more general discussion on heterogeneous deployments. 

One factor that will impact the possibilities for coordination between network points is the 
available backhaul connectivity and especially its associated latency. Highly dynamic co- 
ordination requires low-latency connectivity between the points to be coordinated. One case 
when this is definitely available is when the points to be coordinated correspond to sectors of 
the same site (“intra-site coordination”). However, very-low-latency connectivity may be 
available also in the case of geographically separated transmission points, especially if there 
are direct physical links (for example, optical or wireless links), between the points. In other 
cases, only not-so-low-latency inter-node connectivity (for example, connectivity with la- 
tency in the order of several tens of milliseconds or more), may be available, in which case 
one is limited to less dynamic coordination. 

The 3GPP activities related to coordination between network points for LTE can be 
divided into two phases: 


¢ Release-8 activities on “inter-cell interference coordination” (ICIC), primarily focusing 
on inter-eNB (X2) signaling to assist such coordination. 

¢ Releases-10/11 activities on multi-point coordination/transmission targeting more 
dynamic coordination and focusing on new radio-interface features and terminal 
capabilities to enable/improve such coordination. 
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15.1 Release-8 inter-cell interference coordination 


The potential gains of coordination between transmission/reception points were extensively 
discussed in the early phase of LTE standardization with focus on coordination within ho- 
mogeneous macro deployments. More specifically, the focus was on defining X2 signaling 
that could be used to enhance such coordination between cells corresponding to different 
eNodeBs.” As the X2 interface is typically associated with not-so-low latency, the focus of the 
release-8 activities was on relatively slow coordination. 

In the case of scheduling located at a higher-level node above the eNodeB, coordination 
between cells of different eNodeB would, at least conceptually, be straightforward as it could 
be carried out at the higher-level node. However, in the LTE radio-network architecture there 
is no higher-level node defined, and scheduling is assumed to be carried out at the eNodeB. 
Thus, the best that can be done from an LTE specification point-of-view is to introduce 
messages that convey information about the local scheduling strategy/status between 
neighboring eNodeBs. An eNodeB can then use the information provided by neighboring 
eNodeBs as input to its own scheduling process. It is important to understand though that the 
LTE specifications do not specify how an eNodeB should react to this information. Rather, 
this is up to scheduler implementation. 

To assist uplink interference coordination, two X2 messages were defined as part of LTE 
release 8: the High Interference Indicator (HII) and the Overload Indicator (OI) (see 
Figure 15.4). 

The High Interference Indicator provides information about the set of resource blocks 
within which an eNodeB has high sensitivity to interference. Although nothing is explicitly 
specified on how an eNodeB should react to the HII (or any other ICIC-related X2 signaling) 
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FIGURE 15.4 
Illustration of uplink ICIC based on the HII and OI X2 signaling 


?As the focus was on X2—that is, inter-eNodeB—signaling the transmission/reception points relevant for the 
coordination would inherently correspond to different cells. 
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FIGURE 15.5 
Illustration of downlink ICIC based on RNTP X2 signaling 


received from a neighboring eNodeB, a reasonable action for the receiving eNodeB would be 
to try to avoid scheduling its own cell-edge terminals on the same resource blocks, thereby 
reducing the uplink interference to cell-edge transmissions in its own cell as well as in the cell 
from which the HII was received. The HII can thus be seen as a proactive tool for ICIC, trying 
to prevent the occurrence of too-low-SIR situations. 

In contrast to the HII, the Overload Indicator (OI) is a reactive ICIC tool, essentially 
indicating, at three levels (Low/Medium/High), the uplink interference experienced by a cell 
on its different resource blocks. A neighboring eNodeB receiving the OI could then change its 
scheduling behavior to improve the interference situation for the eNodeB issuing the OI. 

For the downlink, the Relative Narrowband Transmit Power (RNTP) was defined to 
support ICIC operation (see Figure 15.5). The RNTP is similar to the HII in the sense that it 
provides information, for each resource block, whether or not the relative transmit power of 
that resource block is to exceed a certain level. Similar to the HI, a neighboring cell can use 
the information provided by the received RNTP when scheduling its own terminals, espe- 
cially terminals on the cell edge that are more likely to be interfered by the neighboring cell. 


15.2 Releases-10/11 multi-point coordination/transmission 


During the work on LTE release 10, the possibility for more dynamic coordination between 
network points was discussed under the term Coordinated Multi Point (CoMP) transmission/ 
reception. Although initially discussed as part of the 3GPP activities on LTE release 10, the 
main features related to CoMP were introduced into the LTE specifications as part of 
release 11. 

A main difference between the LTE release-8 ICIC activities described previously and 
the releases-10/11 CoMP activities is that the latter focused on radio-interface features and 
terminal functionality to assist different coordination means. At the same time, there were 
no discussions on specific inter-eNodeB signaling to support CoMP. Rather, there was an 
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assumption that low-latency backhaul was available for the coordination, in practice 
limiting release-11 CoMP features to either sectors of the same site or network points 
connected by direct low-latency links. There was also an implicit assumption that the 
different network points involved in the coordination were tightly synchronized and time 
aligned with each other. 

The different approaches to CoMP considered for the LTE downlink can be divided into 
two main groups: 


e Schemes where transmission is carried out from a specific transmission point but 
where the scheduling and link adaptation may be coordinated between transmission 
points. We will refer to this as multi-point coordination. 

e Schemes where transmission to a terminal may be carried out from different 
transmission points (multi-point transmission). The transmission can then either switch 
dynamically between the different transmission points or be carried out jointly from 
multiple points. 


A similar distinction can be made for the uplink transmission direction in which case one 
would distinguish between (uplink) multi-point coordination where the uplink scheduling is 
coordinated between different reception points, and multi-point reception where reception 
may be carried out at multiple points. It can now be pointed out that, at least from a radio- 
interface point-of-view, uplink multi-point coordination/reception is very much a network 
implementation issue with very little impact on the terminal and very little visibility in the 
radio-interface specifications. The discussions in Sections 15.2.1 and 15.2.2 will focus on 
coordination in the downlink transmission direction. Section 15.2.3 will briefly discuss some 
aspects of uplink multi-point coordination/reception. 


15.2.1 Multi-point coordination 


As described above, multi-point coordination implies that transmission is carried out from a 
specific transmission point but functions such as link adaptation and/or scheduling are 
coordinated between multiple points. 


15.2.1.1 Coordinated link adaptation 
Link adaptation—that is, the dynamic selection of data rate based on estimates/predictions of 
the instantaneous channel conditions to be experienced by a transmission—is one of the basic 
mechanisms for good system performance in LTE. Good link adaptation relies on the 
availability of good predictions of the interference level to be experienced by the trans- 
mission. However, in case of highly dynamic traffic conditions, the traffic activity of neighbor 
transmission points may vary rapidly. As a consequence, the interference level may also vary 
rapidly and in an (apparently) unpredictable way. 

Coordinated link adaptation is about using information about transmission decisions of 
neighboring transmission points in the link-adaptation process—that is, in the decision with 
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what data rate to transmit on a given resource. Note that this implies a multi-step process in 
the scheduling and link adaptation at transmission points: 


1. For a given subframe, transmission points carry out transmission decisions. In the 
simplest case this may be decisions on whether or not to transmit data on a certain set 
of time-frequency resources—that is, a certain set of resource blocks within the 
subframe. In a more general case it may also include, for example, decisions on 
transmission power and/or beam-forming decisions—in what “direction” to 
transmit—for the given set of resources. 

2. Information about the transmission decisions are shared between neighboring 
transmission points. 

3. Transmission points use the information about transmission decisions of neighboring 
transmission points as input to the link-adaption decision for the transmission(s) to 
take place in the given subframe. 


In LTE, link adaptation is carried out at the network side. However, as described in 
Chapter 13, the network typically bases the link-adaptation decisions on CSI reports provided 
by the terminals. To enable coordinated link adaptation—that is, to allow for the network to 
take information about the transmission decisions made by neighboring transmissions into 
account in the rate selection—the terminal should provide multiple CSI reports corre- 
sponding to different hypotheses regarding the transmission decisions of neighboring trans- 
mission points. These CSI reports can then be used together with information about the actual 
transmission decisions of neighboring transmission points in the link adaptation. 

In order for a terminal to be able to provide CSI reports corresponding to different 
hypotheses regarding the transmission decisions of neighboring transmission points, it should 
be configured with multiple CSI processes. As described in Chapter 13, each such process 
would correspond to a set of CSI-RS, one for each antenna port, and one CSI-IM resource for 
interference estimation. In order to support coordinated link adaptation, the set of CSI-RS 
should be the same for all processes and reflect the channel of the different antenna port(s) 
for the transmission point from which transmission is to be carried out. In contrast, the 
CSI-IM resources of the different CSI processes should be different and configured in such a 
way that they reflect the interference to be expected for different hypotheses regarding the 
transmission decisions of neighboring transmission points. 

As an example, Figure 15.6 illustrates the case of coordinated link adaptation between two 
transmission points. The figure also illustrates three different CSI-RS resources on which 
there are either transmission, corresponding to ordinary (non-zero-power) CSI-RS, or no 
transmission, corresponding to zero-power CSI-RS, for the two transmission points. 

For a terminal associated with the left side transmission point, two CSI processes are 
configured: 


e Process 0 with CSI-RS corresponding to resource A and CSI-IM corresponding to 
resource C (configured as zero-power CSI-RS at the neighboring transmission point). 
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Example of using multiple CSI processes 


CSI-reporting by this CSI process will thus reflect the channel state under the hypothesis 
that there is no transmission from the neighboring transmission point. 

¢ Process 1 with CSI-RS corresponding to resource A (same as for process 0) and 
CSI-IM corresponding to resource B (configured as non-zero-power CSI-RS at the 
neighboring transmission point). CSI reported by this process will thus reflect the 
channel state under the hypothesis that there is transmission from the neighboring 
transmission point. 


The CSI reports delivered by the terminal for the different CSI processes would thus 
correspond to the different hypotheses regarding the transmission decision of the neighboring 
transmission point. Based on information regarding the expected transmission from the 
neighboring transmission point, the network can select the appropriate CSI report and use that 
in the link-adaptation decision. 

Coordinated link adaptation can also be carried out between more than two transmission 
points. As an example, consider a case where one would like to carry out coordinated link 
adaptation between three different transmission points (Figure 15.7). In this case there is a 
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FIGURE 15.7 


CSI-RS/IM structure to support coordinated link adaption between three transmission points 


need for a total of seven CSI-RS resources, labeled A to G, configured as non-zero-power and 
zero-power CSI-RS at the different transmission points, according to Figure 15.7. 

A terminal associated with transmission point 1 should, in this case, be configured with 
four CSI processes, the CSI-IM resources of which would correspond to resources A to D in 
Figure 15.7. Measurements on these four CSI-IM resources would provide interference 
predictions that would correspond to different hypotheses regarding the transmission 
decisions of neighboring points. More specifically: 


¢ Measurements on the CSI-IM resource corresponding to resource A would provide an 
interference prediction corresponding to the hypothesis that there is no transmission from 
neither transmission point 2 nor transmission point 3 at the time of transmission. 

¢ Measurements on the CSI-IM resource corresponding to resource B would provide an 
interference prediction corresponding to the hypothesis that there is transmission 
from transmission point 2 but not from transmission point 3. 

¢ Measurements on the CSI-IM resource corresponding to resource C would provide an 
interference prediction corresponding to the hypothesis that there is transmission 
from transmission point 3 but not from transmission point 2. 

¢ Finally, measurements on the CSI-IM resource corresponding to resource D would 
provide an interference prediction corresponding to the hypothesis that there is 
transmission from both transmission point 2 and transmission point 3. 


Similarly, a terminal associated with transmission point 2 would be configured with CSI 
processes, the CSI-IM of which would correspond to resource A, B, E, and F in Figure 15.7. 
In this case, as an example, measurements on the CSI-IM resource corresponding to resource 
E would provide an interference prediction corresponding to the hypothesis that there is 
transmission from transmission point 1 but not from transmission point 3. 

Likewise, a terminal associated with transmission point 3 would be configured with CSI 
processes, the CSI-IM of which would correspond to resources A, C, E, and G in Figure 15.7. 
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15.2.1.2 Coordinated scheduling 

Dynamic link adaption as described above is about using information about the transmission 
decisions made by neighboring transmission points in the link-adaptation decision—that is, 
in the selection of transmission rate to be used by a transmission point. Dynamic link 
adaptation is applicable and useful regardless of whether or not the actual transmission de- 
cisions are coordinated between the transmission points. 

Coordinated scheduling is about coordinating the actual transmission decision(s) between 
transmission points. Thus, while coordinated link adaptation is about sharing of information 
between transmission points for better predictions of the interference levels, coordinated 
scheduling is about sharing of information and coordination between transmission points to 
reduce and control the actual interference levels. 

In its most simple case, coordinated scheduling is about dynamically preventing trans- 
mission at a certain time-frequency resource in order to reduce the interference to be expe- 
rienced by a terminal served by a neighboring transmission point. In the LTE CoMP 
discussions, this has been referred to as Dynamic Point Blanking. In the more general case it 
can also involve dynamically adjusting the transmit power (Coordinated Power Control) or 
dynamically adjusting the transmission direction (Coordinated Beam-Forming) for a specific 
set of resources. 

In order to enable dynamic point blanking the network should be able to estimate/predict 
the impact to a terminal, in terms of expected channel quality, of transmissions from a 
neighboring transmission point and also be able to predict how much the channel quality 
would improve if transmissions from the neighboring transmission point would not take 
place. To enable this, multiple CSI processes configured in the same way as for coordinated 
link adaptation, discussed earlier, may be used. The different CSI processes provide different 
CSI reports reflecting different hypotheses regarding the transmission at the neighboring 
transmission points. By comparing these CSI reports, the network can estimate how much 
would be gained from blanking relevant time/frequency resources at a neighboring trans- 
mission point. 

As an example, consider a terminal associated with transmission point | in the example 
scenario of Figure 15.7. If there would be a large difference in the CQI—that is, the rec- 
ommended data rate—of the CSI reports corresponding to resources B and D, this would be an 
indication that the terminal would be severely interfered by transmissions from transmission 
point 2 and it would be relevant to consider blanking of relevant time-frequency resources at 
that transmission point to improve the experienced channel quality and, as a consequence, the 
data rate that can be supported, for the terminal associated with transmission point 1. 

On the other hand, if it would be a very small difference in the CQI of the CSI reports 
corresponding to resources B and D, this would be an indication that the terminal is not 
severely interfered by transmissions from transmission point 2 and, at least in terms of 
channel quality for this specific terminal, it is not beneficial to apply blanking to transmission 
point 2. 
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15.2.2 Multi-point transmission 


Multi-point coordination as described previously implies that transmissions carried out from 
neighboring transmission points are coordinated in terms of scheduling (if/when to transmit) 
and/or link adaption (with what rate to transmit). However, the transmission to a given 
terminal is still assumed to be carried out from one specific transmission point. In contrast, in 
case of multi-point transmission, the transmission to a given terminal can be carried out from 
different transmission points, either so that the point of transmission can change dynamically, 
referred to as Dynamic Point Selection, or so that the transmission can be carried out jointly 
from multiple transmission points, referred to as Joint Transmission. 


15.2.2.1 Dynamic point selection 

As mentioned earlier, dynamic point selection implies transmission from a single trans- 
mission point but where the point of transmission can be changed dynamically, as illustrated 
in Figure 15.8. 

In the LTE context, dynamic point selection, and actually all CoMP schemes, are assumed 
to be based on the use of transmission mode 10. Thus, in case of dynamic point selection 
PDSCH transmission relies on DM-RS for channel estimation. As a consequence, the terminal 
does not need to be aware of the change of transmission point. What the terminal will see is 
simply a PDSCH transmission, the instantaneous channel of which may change abruptly as the 
point-of-transmission is changed. In essence, from a terminal point-of-view, the situation 
would be identical to that of beam-forming based on non-codebook-precoding.” 

To assist in the dynamic selection of transmission point, a terminal should provide CSI 
reports corresponding to multiple transmission points. Similar to coordinated link adaptation 
and coordinated scheduling this may be achieved by configuring the terminal with multiple 
CSI processes. 

As just described, in the case of coordinated link adaptation and coordinated scheduling 
the different CSI processes should correspond to the same transmission point—that is, the set 
of CSI-RS should be the same for the different processes. At the same time, the CSI-IM 
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FIGURE 15.8 


Dynamic point selection between two transmission points 


3There would be a difference in what the terminal can assume in terms of quasi-co-location, as further 
discussed in the following. 
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resources should be different for the different processes, allowing for the interference mea- 
surements and thus also the CSI reports to reflect different hypotheses regarding the trans- 
mission decisions of the neighboring transmission points. 

In contrast, to support dynamic point selection the different CSI processes should provide 
CSI reports corresponding to different transmission points. Thus, the set of CSI-RS of the 
different processes should be different and correspond to CSI-RS transmitted by the different 
transmission points between which the dynamic point selection is carried out. 

In addition to CSI reporting, the other main specification impact of dynamic point 
selection relates to PDSCH mapping and what a terminal can assume in terms of quasi-co- 
location relation between different reference signals. 

In the normal case, PDSCH mapping to the resource blocks assigned for transmission 
avoids the resource elements used for CRS transmission within the serving cell of the terminal. 
However, in case of dynamic point selection the PDSCH transmission to a terminal may be 
carried out from a transmission point associated with a different cell than the serving cell. If 
this cell has a different CRS structure, in terms of number of CRS and/or CRS frequency shift, 
and the PDSCH mapping remained according to the CRS structure of the serving cell, CRS 
transmissions from the actual point of transmission would be severely interfered by the 
PDSCH transmission. Rather, in case of dynamic point selection, one would like the PDSCH 
mapping to dynamically match the CRS structure of the actual point-of-transmission. 

A similar situation may arise for L1/L2 control signaling. The size of the control region, 
and thus the starting point for PDSCH transmission, of a certain cell may vary dynamically 
with information about the size of the control region provided to the terminal by means of 
the PCFICH (see Section 10.4). However, in case of dynamic point selection, if the size of the 
control region of the actual point-of-transmission differs from that of the serving cell and the 
PDSCH mapping remained according to the PCFICH of the serving cell, the L1/L2 control 
signaling of the actual point-of-transmission would run the risk of being severely interfered 
by the PDSCH transmission. Thus, similar to the case of CRS one would like the PDSCH 
mapping to dynamically match the size of the control region of the actual point-of- 
transmission. 

Furthermore, as described in Chapter 10, a terminal may be configured with a set of zero- 
power CSI-RS resources. From a terminal point-of-view the zero-power CSI-RS simply 
defines a set of resource elements to which PDSCH is not mapped, typically because these 
resources elements are used for other purposes, for example, as CSI-RS for other terminals or 
as CSI-IM resources. However, if the PDSCH transmission is carried out from a different 
point one would typically like the PDSCH mapping to avoid a different set of resource 
elements as this transmission point would typically use different resource elements for 
CSI-RS and CSI-IM. 

To handle these related problems in a unified way, transmission mode 10 allows for the 
dynamic reconfiguration of the PDSCH mapping by means of a PDSCH-mapping-and-quasi- 
co-location indicator provided as part of the downlink scheduling assignment, more spe- 
cifically as part of DCI format 2D as described in Section 10.4. 
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A terminal can be provided with up to four different PDSCH mapping and quasi-co- 
location configurations.’ Each such configuration specifies: 


* a specific CRS configuration in terms of number of CRS and CRS frequency shift; 
* a specific PDSCH starting point; 

* a specific MBSEN subframe configuration;’ 

* a specific zero-power CSI-RS configuration. 


The PDSCH-mapping-and-quasi-co-location indicator provided in the scheduling 
assignment then explicitly indicates which one of the up to four different configurations the 
terminal should assume for the PDSCH mapping for the corresponding subframe. 

It should be noted that the PDSCH starting point indicator does not guarantee a perfect 
match with the size of the control region of the actual point-of-transmission as the size of the 
control region can vary dynamically. The PDSCH starting point indication should be set to a 
sufficiently large value to guarantee that the PDSCH transmission does not overlap with the 
control region. As the size of the control region never exceeds three OFDM symbols 
(corresponding to control signaling in OFDM symbols 0, 1, and 2), the most straightforward 
way of achieving this would be to set the PDSCH starting point to 3.° However, lower values 
can be used, allowing for a larger PDSCH payload, if one knows that, in a certain cell, the 
control region will always be limited to a lower value. 

As the name suggests, the PDSCH-mapping-and-quasi-co-location configurations and the 
corresponding indicator in the scheduling assignment also provide information about what 
the terminal can assume in terms of quasi-co-location relation between antenna ports. As 
discussed in Chapter 10, for transmission mode 1 to 9, a terminal can assume that the antenna 
ports corresponding to CRS of the serving cell, DM-RS, and the CSI-RS configured for the 
terminal are all jointly quasi-co-located. However, in case of dynamic point selection, a 
terminal may be configured with different sets of CSI-RS by means of different CSI pro- 
cesses. In practice these sets of CSI-RS correspond to different transmission points. Even- 
tually, the PDSCH together with its corresponding DM-RS will be transmitted from one of 
these transmission points. The antenna ports used for the PDSCH transmission (antenna ports 
7 up to 14) will then, in practice, be quasi-co-located with the set of CSI-RS corresponding to 
that specific transmission point. To provide this information to the terminal, which is not 
explicitly aware of from what transmission point the PDSCH transmission takes place, each 
PDSCH mapping and quasi-co-location configuration also indicates a specific set of CSI-RS 
for which the terminal can assume quasi-co-location with the DM-RS for the specific 
subframe. 


“Note the difference between the PDSCH-mapping-and-quasi-co-location configuration provided by means of 
higher layer signaling and the PDSCH-mapping-and-quasi-co-location indicator provided by the scheduling 
assignment. 

°The MBSEN subframe configuration is related to the CRS configuration as it impacts the presence of CRS 
reference symbols in the data part of the subframe. 

°In case of the smallest LTE cell bandwidths, the size of the control region could be up to four OFDM symbols. 
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FIGURE 15.9 


Joint transmission from two transmission points to the same terminal 


15.2.2.2 Joint transmission 
While dynamic point selection implies transmission from a single transmission point but 
where the point of transmission can be changed dynamically, joint transmission implies the 
possibility for simultaneous transmission from multiple transmission points to the same 
terminal (see Figure 15.9). 

In case of joint transmission one can distinguish between two cases: 


¢ Coherent joint transmission. 
¢ Non-coherent joint transmission. 


In case of coherent joint transmission it is assumed that the network has knowledge about 
the detailed channels to the terminal from the two or more points involved in the joint 
transmission and selects transmission weights accordingly, for example, to focus the energy at 
the position of the terminal. Thus, coherent joint transmission can be seen as a kind of beam- 
forming for which the antennas taking part in the beam-forming are not co-located, but 
correspond to different transmission points. 

There is currently no support in the LTE specifications for the terminal to report this kind 
of detailed channel knowledge for multiple transmission points, and thus there is currently no 
explicit support for coherent joint transmission. 

In contrast, for non-coherent joint transmission it is assumed that the network does not 
make use of any such detailed channel knowledge in the joint transmission. Thus, the only 
gain of non-coherent joint transmission is that the power of multiple transmission points is 
used for transmission to the same terminal—in practice a power gain. The benefit of this 
depends on whether or not the power of the second transmission point can be of better use for 
the transmission to other terminals and also to what extent the extra transmission will cause 
harmful interference to other transmissions. In practice, non-coherent joint transmission is 
only beneficial at low-load situations where there is no other terminal available for which the 
second transmission point can be used and where the additional interference from the second 
transmission does not really cause any harm. 

It should be noted that, in case of joint transmission, PDSCH may be jointly transmitted 
from points corresponding to two cells with, for example, different CRS configurations or 
different MBSFN configurations. In such a case one would like for the PDSCH mapping to 
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match the configurations of both cells. However, currently each PDSCH-mapping-and-quasi- 
co-location configuration only corresponds to a single CRS configuration. 


15.2.3 Uplink multi-point coordination/reception 


Sections 15.2.1 and 15.2.2 focused on downlink multi-point coordination/transmission. 
However, as already mentioned, the same basic principles are also possible for transmissions 
in the uplink direction (uplink CoMP). More specifically: 


¢ Dynamic coordination of uplink transmissions in order to control uplink interference and 
achieve improved uplink system performance (uplink multi-point coordination). 

¢ Reception of uplink transmissions at multiple points (uplink multi-point reception or 
uplink joint reception). 


However, in contrast to downlink multi-point coordination/transmission, uplink multi- 
point coordination/reception has very little impact on the radio-interface specifications. 
Especially, any channel-state information needed for uplink scheduling coordination would 
be directly derived at the network (reception) side and would not require any specific terminal 
feedback. 

Also, a terminal does not need to be aware at what point its uplink transmission is received 
as long as any downlink transmission corresponding to the uplink transmission (such as 
hybrid-ARQ feedback) is transmitted in a, for the terminal, expected way. In practice this 
means that even if the uplink is received at a point different from the transmission point 
associated with the serving cell, feedback such as hybrid-ARQ acknowledgements must still 
be transmitted from the transmission point of the serving cells. This would require the 
availability of low-latency connectivity between the reception and transmission points to 
ensure, for example, that the hybrid-ARQ timing relations are retained. As already 
mentioned, the 3GPP releases-10/11 CoMP discussions focused on the situation of low- 
latency connectivity between transmission/reception points. 

Some aspects of the radio-interface design have taken the possibility for multi-point 
reception into account. For example, uplink multi-point reception was the main reason for 
introducing support for terminal-specific assignment of uplink reference-signal sequences, as 
described in Section 11.2. 


ee 


Heterogeneous Deployments 


The continuous increase in traffic within mobile-broadband systems and an equally contin- 
uous increase in terms of the data rates requested by end-users will impact how cellular 
networks are deployed in the future. In general, providing very high system capacity (traffic 
per area unit) and very high per-user data rates will require a densification of the radio-access 
network, that is, the deployment of additional network nodes (or transmission/reception 
points). By increasing the number of nodes, the traffic per area unit can be increased without 
requiring a corresponding increase in the traffic that needs to be supported per network node. 
Also, by increasing the number of network nodes, the base-station-to-terminal distances will, 
in general, be shorter, implying a link-budget improvement and a corresponding improvement 
in achievable data rates. 

A uniform densification of the macro-cell layer—that is, reducing the coverage area of each 
cell and increasing the total number of macro-cell sites'—as illustrated at the top of Figure 16.1 
is a path that has already been taken by many operators. As an example, in many major cities 
the distance between macro-cell sites is less than a few hundred meters in many cases. 

An alternative or complement to a uniform densification of the macro layer is to deploy 
additional lower-power nodes under the coverage area of the macro layer, as illustrated at the 


Densification with additional macro nodes (homogeneous deployment) 
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Densification with complementary low-power nodes (heterogeneous deployment) 
FIGURE 16.1 


Homogeneous vs. heterogeneous densification 


"A macro node is herein defined as a high-power node with its antennas typically located above rooftop level. 
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bottom of Figure 16.1. In scenarios where the users are highly clustered, for example gathered 
around a square or in a shopping mall, such a strategy can be advantageous. The result is a 
heterogeneous or multi-layered network deployment, where the underlaid layer of low-power 
pico nodes” does not need to provide full-area coverage. Rather, low-power nodes can be 
deployed to increase capacity and achievable data rates where needed. Outside of the pico- 
layer coverage, terminals would access the network by means of the overlaid macro layer. 
Although this chapter assumes LTE being used in both the macro and pico layers, another 
possibility is to use WLAN based on the 802.11 family of standards to complement the macro 
layer. The LTE specifications provide support for WLAN interworking, including seamless 
as well as non-seamless mobility, at the core network level. 

The idea of multiple deployment layers is in itself not new; “hierarchical cell structures” 
have been used since the mid-’90s. However, with extensive use of mobile broadband, the 
interest in heterogeneous deployments as a mean to increase capacity and end-user data rates 
has increased significantly. 

It is important to point out that this is a deployment strategy, not a technology component, 
and as such is already possible in the first release of LTE (as well as in other technologies). 
Nevertheless, releases 10 and 11 provide additional features improving the support for het- 
erogeneous deployments, in particular in the area of handling inter-layer interference. 


16.1 Interference scenarios in heterogeneous deployments 


One distinctive property of a heterogeneous deployment is the large difference in transmit 
power between the overlaid macro layer and the underlaid pico layer. Depending on the 
scenario, this may result in significantly more complex-interference scenarios compared to a 
homogeneous network, more specifically interference between the layers. Inter-layer inter- 
ference handling is therefore a crucial aspect in most heterogeneous deployments. 

If different frequency resources, in particular different frequency bands, are used for the 
different layers, the inter-layer interference is less of an issue. Frequency separation is also 
the traditional way of handling inter-layer interference in, for example, GSM, where different 
carrier frequencies are used in the different layers. However, for a wideband radio-access 
technology such as LTE, using different carrier frequencies for different layers may lead to 
an undesirable spectrum fragmentation, as discussed in the previous chapter. As an example, 
for an operator having access to 20 MHz of spectrum, a static frequency separation between 
two layers would imply that the total available spectrum had to be divided, with less than 
20 MHz of spectrum being available in each layer. This could reduce the maximum 
achievable data rates within each layer. Also, assigning a substantial part of the overall 
available spectrum to a layer during periods of relatively low traffic may lead to inefficient 


The term “pico node” is herein used to denote a low-power node, typically with the antennas located below 
rooftop level. 
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spectrum utilization. Thus, with a wideband high-data-rate system such as LTE, it should 
preferably be possible to deploy a multi-layered network with the same spectrum being 
available in all layers. This is in line with the motivation for single-frequency reuse in Chapter 
15. Nevertheless, separate spectrum allocation for the two layers is a relevant scenario, 
especially if new spectrum becomes available at very high frequencies less suitable for wide 
area coverage. Furthermore, frequency-separated deployments imply that the duplex scheme 
can be chosen independently between the layers, for example using FDD in the wide-area 
macro layer and TDD in the local-area pico layer. 

Simultaneous use of the same spectrum in different layers implies inter-layer interference. 
The characteristics of the inter-layer interference depend on the transmission power in the 
respective layer, as well as in the node-association strategy used. 

Traditionally, node association or cell association—that is, determining which network 
point the terminal should be connected to—is based on terminal measurements of the 
received power of some downlink signal, more specifically the cell-specific reference signals 
in the case of LTE. Based on the terminal reporting those measurements to the network, the 
network decides whether a handover should take place or not. This is a simple and robust 
approach. In homogeneous deployments with all transmission points having the same power, 
downlink measurements reflect the uplink path loss, and downlink-optimized network-point 
association is also reasonable from an uplink perspective. However, in a heterogeneous 
deployment, this approach can be challenged due to the large difference in transmission 
power between the layers. In principle, the best uplink reception point is not necessarily 
the best downlink transmission point, implying that uplink and downlink points ideally 
should be determined separately. For example, downlink point selection could be based on 
received signal strength, while uplink point selection preferably is based on the lowest path 
loss. This is illustrated in Figure 16.2 where the “cell border” is different for uplink and 
downlink. However, since there are tight and time-critical dependencies between the uplink 
and downlink—for example in the form of hybrid-ARQ acknowledgements transmitted in the 
downlink as a result of receiving uplink transmissions—the two links are in practice termi- 
nated in the same node.* Node association is therefore a compromise between the best choice 
from an uplink and downlink perspective. 

From a single link perspective, associating the terminal with the transmission point with 
the highest received power implies that the terminal often is connected to a higher-power 
macro point even if the path loss to a pico point is significantly smaller. This will not be 
optimal from an uplink coverage and capacity point of view. It should also be noted that, even 
in terms of downlink system efficiency, it may not be optimal to select the transmission point 
with the highest received power in a heterogeneous network deployment. Although trans- 
missions from the macro point are received with higher power than from a pico point, this is at 
least partly due to the higher transmit power of the macro point. In that case, transmission 


3The downlink transmission point and the uplink reception point could be geographically separated if remote 
antennas are used (see Section 16.5). 
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Uplink “cell border” 


' Downlink cell border 


Range expansion area where path loss to the pico Area where the pico point is received 
point is less than the path loss to the macro cell with higher power than the macro cell 
FIGURE 16.2 


Illustration of high-interference area in a heterogeneous network deployment with range expansion 


from the macro point is associated with a higher “cost” in terms of interference to other cells. 
Expressed alternatively, a transmission from the macro point will prohibit the use of the same 
physical resource in any of the underlaid pico points. 

Alternatively, at the other extreme, node association could be based solely on estimates of 
the (uplink) path loss. In practice this can be achieved by applying an offset to the received- 
power measurements used in conventional cell association, an offset that would compensate 
for the difference in transmit power between different transmission points. Such an offset is 
supported by LTE already from the first release and possible to configure on a per-terminal 
basis. By using an offset in the node-association strategy, the area in which a pico point is 
selected is extended, as illustrated in Figure 16.2. This is sometimes referred to as range 
expansion. 

Selecting the network point to which the path loss is the smallest—that is, applying a large 
degree of range expansion—would maximize the uplink received power/SINR, thus maxi- 
mizing the achievable uplink data rates. Alternatively, for a given target received power, the 
terminal transmit-power, and thus the interference to other cells, would be reduced, leading 
to higher overall uplink system efficiency. Also, it could allow for the same downlink physical 
resource to also be used by other pico points, thereby also improving downlink system 
efficiency. 

However, due to the difference in transmit power between the transmission points of the 
different deployment layers, downlink transmissions from the macro point will be received 
with substantially higher power in the range expansion area (illustrated by the dashed region 
in Figure 16.2) than the actual desired downlink transmission from the pico point. Within this 
area, there is thus potential for severe downlink inter-cell interference from the macro point to 
terminals receiving transmissions from a pico point—that is, the signal-to-interference ratio 
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at the terminal for any signals transmitted from the pico point is below 0 dB. The interference 
has both a static load-independent component stemming from the cell-specific reference 
signals (CRS), synchronization signals (PSS, SSS) and system information (PBCH), and a 
dynamic load-dependent component stemming from data transmissions (PDSCH) and control 
signaling (PCFICH, PHICH, PDCCH, EPDCCH). 

The interference from PDSCH transmissions in the macro layer to lower-power PDSCH 
transmissions from a pico point can be relatively straightforwardly handled by scheduling 
coordination between the nodes according to the same principles as inter-cell interference 
coordination described in Section 15.1. As an example, an overlaid macro point could 
simply avoid high-power PDSCH transmission in resource blocks in which a terminal in the 
range expansion region of a pico point is to receive downlink data transmission. Such co- 
ordination can be more or less dynamic depending on to what extent and on what time scale 
the overlaid and underlaid nodes can be coordinated. The same coordination as for the 
PDSCH could also be applied to the EPDCCH. It should also be noted that, for a pico network 
point located on the border between two macro cells, it may be necessary to coordinate 
scheduling between the pico point and both macro cells. 

Less obvious is how to handle interference due to the macro-node transmissions that 
cannot use dynamic inter-cell interference coordination, such as the L1/L2 control signaling 
(PDCCH, PCFICH, and PHICH). Within a layer, for example between two macro nodes, 
interference between such transmissions is not a critical issue as LTE, including its control 
channels, has been designed to allow for one-cell frequency reuse and a corresponding SIR 
down to and even below —5 dB. This inherent robustness allows for moderate range 
expansion, in the order of a couple of dB. In many scenarios this amount of range expansion 
is adequate and further increasing it would not improve performance, while in other sce- 
narios a larger amount of range expansion may be useful. Using a large amount of range 
expansion can result in a signal-to-interference ratio that is too low for the control channels 
to operate correctly and calling for means to handle this interference situation. Note that the 
usefulness of range expansion is highly scenario dependent. One simplistic example where 
range expansion may not be useful is illustrated in the right part of Figure 16.3, where the 
building walls provide isolation between the two cell layers. 
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FIGURE 16.3 


Illustration of range expansion in different scenarios 


nO ——_e ee 
392 CHAPTER 16 Heterogeneous Deployments 


In the following sections, four different approaches to heterogeneous deployments are 
described: 


¢ Release-8 functionality, using features available in the first release of LTE to support a 
medium amount of range expansion. No inter-cell time synchronization or coordination 
is assumed. 

e Frequency-domain partitioning, where an extensive amount of range expansion is 
supported through interference handling in the frequency domain, for example, by using 
carrier aggregation. 

e Time-domain partitioning, where an extensive amount of range expansion is supported 
through interference handling in the time domain. 

e Shared cell, using CoMP techniques from Chapter 15 to support a large amount of range 
expansion. 


In the first three approaches above, each transmission point defines a unique cell—that is, 
it has a unique cell identity and transmits all signals associated with a cell such as cell-specific 
reference signals and system information. The last approach differs in this respect as a 
transmission point not necessarily defines a unique cell. Instead, multiple geographically 
separated transmission points may belong to the same cell. 

Finally, note that all schemes except the first assumes inter-layer coordination and time- 
synchronization across (neighboring) transmission points. 


16.2 Heterogeneous deployments using rel-8 functionality 


Heterogeneous deployments are already possible from the first release of LTE using 
release-8 functionality. In this case, the transmission points define unique cells, and point 
association, or cell selection, is typically based on the downlink received power as in the 
homogeneous case. Despite being simple—for example, there is no need for inter-cell 
time synchronization or inter-cell coordination—a fair amount of range expansion, up 
to several dBs, is easily achieved in this scheme by adjusting the cell selection offset. The 
amount of macro interference naturally limits the amount of range expansion possible, but 
the amount of range expansion possible is sufficient for many scenarios. Additional tools 
available in release 8 to obtain a fair amount of range expansion include PDCCH power 
boosting in the pico cell, fractional loading of the PDCCH in the overlaid macro cell to 
reduce interference, and adjusting the PDCCH operating point in terms of PDCCH error 
probability. 

It is also worth pointing out that, in many scenarios, most of the gains are obtained 
by simply deploying the pico nodes with no or only a small amount of range expansion. 
However, in some specific scenarios, a larger amount of range expansion may be useful, 
calling for some of the schemes discussed below. 
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16.3 Frequency-domain partitioning 


Frequency-domain partitioning attempts to reduce interference by using different parts of the 
frequency spectrum in the different layers. The transmission points define unique cells, and 
measurements of the received downlink power are used as the basis of point association or, 
equivalently, cell selection. 

The simplest case is a static split, using different and non-overlapping pieces of spectrum 
in the macro and pico layers as illustrated in Figure 16.4. Although simple, such a scheme 
suffers from not being able to dynamically reallocate resources between the layers to follow 
instantaneous traffic variations. 

A more dynamic approach for handling the downlink inter-layer interference in the range- 
expansion zone in case of a large amount of range expansion is to use carrier aggregation in 
combination with cross-carrier scheduling as outlined in Section 10.4.8. The basic idea is to 
split the overall spectrum into two parts through the use of two downlink carriers, f, and fo, as 
illustrated in Figure 16.4, but without the loss of flexibility resulting from a static split. 

In terms of data (PDSCH) transmission, both carriers are available in both layers and 
interference between the layers is handled by “conventional” inter-cell interference coordi- 
nation (see Section 15.1). As already mentioned, such interference coordination can be more 
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or less dynamic depending on the time scale on which the layers can be coordinated. Also, 
the possibility for carrier aggregation allows for both carriers—that is, the total available 
spectrum—to be assigned for transmission to a single terminal. Thus, at least for carrier- 
aggregation-capable terminals, there is no spectrum fragmentation in terms of data 
(PDSCH) transmission. Legacy terminals, on the other hand, will experience peak rates from 
a single carrier only. This may be an issue for an operator with a large fleet of legacy 
terminals. 

On the other hand, in terms of L1/L2 control signaling (PCFICH, PHICH, PDCCH), there 
is at least partly a more semi-static frequency separation between the layers. More specif- 
ically, the macro layer should avoid high-power transmission within the control region on 
carrier f;. Assuming a time-synchronized network, interference to the control region of the 
pico layer is reduced on this carrier and the pico cells can use the carrier for control signaling 
to terminals in the range expansion region. Due to the possibility for cross-carrier scheduling, 
DL-SCH transmission can still be scheduled on both carriers as well as an aggregation of 
these subject to dynamic inter-layer interference coordination, even if the macro cell only 
transmits control signaling on carrier f,. The same is true for a pico cell; even if the pico cell 
can only use carrier f for transmission of scheduling assignments to terminals in the range- 
expansion zone, DL-SCH transmissions can still be scheduled on both carriers. 

It should be noted that, for terminals in the inner part of a pico cell, carrier f; could also be 
used for L1/L2 control signaling. Similarly, macro cells could also use carrier f2 for control 
signaling, assuming a reduced transmit power is used. Thus, the macro cell could use carrier 
J2 for lower-power control signaling, for example, for terminals close to the corresponding 
macro transmission point. 

In the preceding discussion PDCCH has been assumed, but the EPDCCH can equally well 
be used. In principle, the EPDCCH can be subject to the same inter-cell interference coor- 
dination scheme as the PDSCH. This could be used to support large amounts of range 
expansion without carrier aggregation. In this case, the macro and pico layers simply use 
different sets of physical resource-block pairs, coordinated in a more or less dynamic manner. 
However, note that the EPDCCH is limited to the terminal-specific search spaces only. 
Consequently, the PDCCH is needed for scheduling of, for example, system information. 

Finally, note that the (cell-specific reference) signals used by the terminal to maintain 
synchronization with the pico cell in the range expansion zone are subject to interference 
from the macro layer. How well the terminal can handle this will put an upper limit to the 
amount of range expansion possible. Hence, to fully exploit the benefits of range expansion, 
interference cancelling receivers are needed in the terminals. 


16.4 Time-domain partitioning 


An alternative to frequency-domain partitioning is to use time-domain partitioning as 
illustrated at the bottom of Figure 16.4. In 3GPP, this is known as (Further) Enhanced 
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Inter-Cell Interference Coordination, (F)eICIC. Work on eICIC started in release 10 and was 
finalized in release 11 under the name of FeICIC. Also in this case, the transmission points 
correspond to separate cells, hence the FeICIC name used in 3GPP. 

The basic idea with time-domain partitioning is to restrict the transmission power of the 
overlaid macro cell in some subframes. In these reduced-power subframes (or almost blank 
subframes), terminals connected to the pico cell will experience less interference from the 
overlaid macro cell for both data and control. From a terminal perspective they serve as pro- 
tected subframes. The pico cell can therefore schedule terminals in the range expansion area 
using the protected subframes and terminals in the inner part of the pico cell using all sub- 
frames. The macro cell, on the other hand, primarily schedules terminals outside the protected 
subframes (see Figure 16.5 for an illustration). The gain from deploying the pico cells must be 
larger than the loss incurred by the macro cell reducing power in some subframes for the time- 
domain partitioning scheme to be attractive. Whether this holds or not is highly scenario 
dependent, although using a reduced but non-zero transmission power in the macro cell for the 
protected subframes to limit the resource loss in the macro layer is often advantageous. 

To support time-domain partitioning in a heterogeneous network, signaling of protected- 
subframe patterns—that is, information about the set of protected subframes—is supported 
between eNodeBs of different layers using the X2 interface. Note that the set of protected 
subframes could be different in different cells and more or less dynamic, once again 
depending on the time scale on which the deployment layers can be coordinated. 

It should be noted that the macro cell must not necessarily avoid control-signaling trans- 
mission completely in the protected subframes. In particular, it could be beneficial to retain the 
possibility for a limited amount of control signaling related to uplink transmissions, for 
example, a limited amount of uplink scheduling grants and/or PHICH transmission, in order to 
not cause too much impact on the uplink scheduling. As long as the macro-cell control- 
signaling transmissions are limited and only occupy a small fraction of the overall control 
region, the interference to terminals in the range expansion region of the pico cell could be kept 
at an acceptable level. However, the signaling of protected-subframe patterns is also defined so 
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that impact on the uplink scheduling is minimized even if no uplink scheduling grants and 
PHICH can be transmitted in protected subframes. This is achieved by having the protected- 
subframe patterns matched to the eight-subframe timing of the uplink hybrid-ARQ protocol. It 
should be noted that this implies that the pattern is not aligned to the 10 ms frame but only toa 
40 ms four-frame structure for FDD. For TDD the periodicity also depends on the uplink— 
downlink configuration. 

Up to four different patterns can be exchanged between eNodeBs: two patterns for 
scheduling and CSI measurement purposes, one pattern for RRM measurements in the 
serving cell, and one pattern for RRM measurements in neighboring cells. The purpose of 
having two patterns for CSI purposes is to handle load variations between macro and pico 
layers without frequent reconfigurations of the terminals, as will be further discussed below 
(see Figure 16.6 for an illustration). In case of a high load in the range expansion area, which 
is the case at time f, in the figure, it may be beneficial to have a relatively large number of 
protected subframes to allow these terminals to be served by the pico cell. At a later time 
instant, fj in the figure, the majority of the terminals have moved from the range expansion 
area into the macro area, calling for a reduction of the number of protected subframes. Thus, 
by varying the size of the set of currently protected subframes, the configurations can be 
adjusted to match changes in the scenario. At the same time, there must be a set of subframes 
that are always protected in order for the pico cell to be able to contact a terminal in the range 
expansion area as the connection to a terminal otherwise might be lost. Therefore, exchange 
of two subframe patterns are supported on X2, one of which is intended to be used for the 
currently protected subframes and one for the always protected subframes. The intention is to 
use the former for scheduling coordination across the cells, allowing for relatively frequent 
updates, while the latter is updated infrequently and used as the basis for configuring pro- 
tected subframes in the terminals, as described below. Subframes belonging to neither of the 
two sets above can be thought of as “never protected” subframes. 
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The interference experienced by terminals connected to the pico cell may vary signifi- 
cantly between protected and non-protected subframes. CSI measurements carried out jointly 
on both the protected and non-protected subframes will thus not accurately reflect 
the interference of either type of subframe. To address this, the terminal is provided with 
information about the protected subframes via dedicated RRC signaling using similar bit- 
maps as described previously." Two bitmaps can be sent to the terminal, one defining the sets 
of protected subframes and one defining the set of highly interfered subframes. Preferably, the 
protected and highly-interfered subframes correspond to the always protected and never 
protected subframes derived from the X2 signaling shown earlier. The remaining subframes, 
if any, not belonging to either of these two subsets have a more unpredictable interference 
situation as the macro may or may not use reduced power. 

CSI reporting is carried out individually for the two subsets. Which subset a certain CSI 
report reflects depends on in which subframe the CSI is transmitted; the CSI reflects the 
interference situation in the subset to which the subframe belongs. Hence, the terminal should 
only average interference measurements during subframes belonging to the same subset. 
A CSI report transmitted in a subframe not belonging to either of the subsets is undefined 
from an interference measurement perspective. Through the use of two subsets, the network 
can predict the radio-channel quality for upcoming transmissions, irrespective of whether 
they occur in protected subframes or not. 

Having two subsets is beneficial for multiple reasons. One example is the situation out- 
lined above, where the set of protected subframes varies over time. Frequent updates of the 
configurations in all the affected terminals may not be feasible with reasonable overhead. 
Instead, measuring CSI on a subset of subframes that are always protected is typically 
preferred as it allows the network to dynamically use reduced power and schedule terminals 
in the range expansion zone in additional subframes without reconfiguring all the terminals. 
CSI reports reflecting the situation in the protected subframes are then used for link adap- 
tation in the range expansion zone, while CSI reports from the highly interfered subframes are 
useful when scheduling terminals in the inner pico area. Another example is when a pico cell 
is located at the border between, and subject to interference from, two macro-cells. If the 
macro-cells have differently configured and only partly overlapping sets of protected sub- 
frames, the pico-cell scheduling as well as the configuration of the CSI-measurement sets 
need to take the structure of the protected sets of both macro-cells into account. 

The discussion so far has focused on the dynamic part of the interference—that is, the 
interference part that varies with the traffic load and can be handled by ICIC and time- 
domain partitioning. However, there is also static interference from the macro cell in the 
range expansion area. For example, cell-specific reference signals, synchronization signals, 
and the PBCH still need to be transmitted. To support extensive range expansion, despite 
the presence of these signals and channels, the interfering signals need to be cancelled. 
Therefore, cancellation of CRS, PSS/SSS, and PBCH is required to fully exploit the features 


“Note that transmission mode 10 with multiple CSI processes can be used as an alternative to the two bitmaps. 
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described previously, functionality that is not mandated in release 10. To assist the terminal 
in cancelling the interference, RRC signaling provides information about the physical-layer 
identity of the neighboring cells, the number of antenna ports in those cells, and the MBSFN 
configuration (MBSFN configuration is needed as there is no CRS in the data region in those 
subframes). 

Time-domain partitioning is supported in RRC_CONNECTED only. Idle terminals will 
still be able to connect to the pico cell, but cannot exploit range expansion until they enter 
RRC_CONNECTED. 


16.5 Shared cell 


In the partitioning schemes described in the previous sections, the transmission points 
correspond to individual cells, each of which has an individual cell identity that is different 
from neighboring cells in either of the network layers. Consequently, each pico node trans- 
mits unique system information, synchronization signals, and cell-specific reference signals. 
This is illustrated to the left in Figure 16.7. 

Alternatively, CoMP techniques (see Chapter 15) can be used to realize heterogeneous 
deployments. To understand this approach, remember the distinction between a cell and 
transmission point. A cell has a unique physical-layer cell identity from which the position of 
the cell-specific reference signals is derived. By acquiring the cell identity, a terminal can 
determine the CRS structure of the cell and receive system information necessary to access 
the network. A transmission point, on the other hand, is in this context simply one or more co- 
located antennas from which a terminal can receive data transmissions. 

By exploiting the DM-RS introduced in release 10, the PDSCH does not have to be 
transmitted from the same point as the cell-specific reference signals. Data can instead 
be transmitted from one of the pico transmission points when beneficial and the time- 
frequency resources can be reused between spatially separated pico transmission points. 


PSS,/SSS,, BCHa, CRS, PSS,/SSS,, BCHa, CRS, 


PSS,/SSS,, BCHs,CRS, A 


Cell B 


Cell C 


CellA CellA 
FIGURE 16.7 


Independent cells (left) vs. shared cell (right) 


Ne 
16.5 Shared cell 399 


Since the pico transmission points neither transmit (unique) cell-specific reference signals, 
nor system information, they do not define cells but are part of the overlaid macro-cell. This 
CoMP-approach to heterogeneous deployments is therefore commonly referred to as shared- 
cell ID, illustrated to the right in Figure 16.7. 

In Figure 16.8, data is transmitted to terminal number two from the rightmost transmission 
point. Since the associated DM-RS is transmitted from the same transmission point as the 
data, the point used for data transmission does not need to be known by the terminal. Spatial 
reuse gains—that is, reusing the time-frequency resources used for the data transmission 
across multiple pico nodes within the same macro cell—are hence obtained similarly to the 
resource-partitioning schemes described in the previous sections. 

The control information required in release 10 is based on CRS and the control infor- 
mation therefore needs to be transmitted from (at least) the macro-site as is the case for the 
first terminal in Figure 16.8. Thus, in many cases, data and the associated control signaling 
originate from different transmission points. This is in theory transparent to the terminal; it 
only needs to know which reference signal to use for which piece of information, but not from 
which transmission point the information originates. The quasi-co-location mechanism 
introduced in release 11 (see Chapter 9) is preferably used to ensure that the terminal only 
exploits the relevant reference signals. 

In Figure 16.8, multiple ways of transmitting the control information are illustrated. The 
first case, involving terminal 1 with control signaling originating from the macro-site only, 
has already been described. Alternatively, identical CRS and control channels can be trans- 
mitted from the macro- and the pico-node as shown for terminal 2. To the terminal this will 
appear as one composite node as the same signal is transmitted from both nodes. The first case 
is beneficial from a network power-consumption perspective as the pico transmission point is 
active only when there is data to transmit. The second case, on the other hand, provides an 
improvement in the signal-to-noise ratio for the control signaling via over-the-air combining 
of the macro- and pico-transmissions. Furthermore, as an LTE terminal estimates the uplink 
path loss for power control purposes from the received CRS signal strength (see Chapter 11 
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for a discussion on uplink power control), the second case can sometimes result in a more 
accurate uplink power control. 

In both these cases there is no spatial-reuse gain for the control signaling as the macro site 
is involved in all these transmissions and time-frequency resources cannot be reused across 
pico nodes. This can be addressed by using the DM-RS-based EPDCCH for control signaling 
and transmitting it from the same node as used for the PDSCH, as is the case of the third 
terminal in Figure 16.8. 

Terminals not supporting DM-RS-based transmission can still operate in the shared-cell 
scheme. Data transmissions to these terminals are CRS-based and thus handled in the 
same manner as the PDCCH control signaling described previously. Although no spatial 
reuse gain will be possible for these terminals, they will benefit from the pico nodes through 
an improved signal-to-noise ratio. 

Channel-state feedback used for scheduling decisions is preferably based on the CSI-RS. 
Different pico-nodes, as well as the macro-node, can be configured to use different and non- 
interfering CSI-RS configurations to allow terminals to estimate the channel conditions to the 
transmission points corresponding to the different nodes. For terminals not supporting 
CSI-RS, the channel-state feedback is based on the CRS. In these cases, the eNodeB may 
need to scale the received reports to account for the difference in the set of transmission points 
used for CRS and PDSCH. 

Deploying a shared-cell scheme can be done by connecting one or multiple remote radio 
units (RRUs) as well as the macro-site to the same main unit using optical fibers. One 
reason for this is the tight coupling between the macro- and pico-nodes with control and data 
originating from different transmission points, calling for low-latency connections. 

Centralization of the processing provides benefits also in terms of uplink performance and, in 
many cases, this alone can motivate the usage of RRUs with centralized processing. Any 
combination of transmission points, not necessarily those used for downlink transmission to a 
terminal, can be used for receiving the transmissions from that terminal. By combining the 
signals from the different antennas in a constructive manner at the central processing node—in 
essence uplink CoMP (see Chapter 15)—a significant improvement in the uplink data rates can 
be achieved. In essence, uplink reception and downlink transmission has been decoupled, and it 
is possible to do “uplink range expansion” without causing a downlink interference problem as 
in separate-cell-ID deployments. The uplink gains can be achieved also for release-8 terminals. 

Heterogeneous deployments using shared cells can also provide additional mobility 
robustness compared to deployments with separate cells. This can be an important aspect, 
especially when moving from a pico-node to the macro-node. In a separate-cell deployment, a 
handover procedure is required to change the serving cell. If, during the time it takes to 
perform the handover procedure, the terminal has moved too far into the macro-area, it may 
drop the downlink connection from the pico-node before the handover is complete, leading to 
a radio link failure. In a shared-cell deployment, on the other hand, the transmission point to 
use for downlink transmission can be rapidly changed without a handover procedure. Thus, 
the probability of dropping connections is reduced. 
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16.6 Closed subscriber groups 


The discussion in the previous sections assumes that the terminals are allowed to connect to 
the low-power pico-node. This is known as open access, and typically the low-power nodes 
are operator-deployed in such a scenario. Another scenario, giving rise to a similar inter- 
ference problem, is user-deployed home base stations. The term closed subscriber groups 
(CSG) is commonly used to refer to cases when access to such low-power base stations is 
limited to a small set of terminals, for example the family living in the house where the home 
base station is located. CSG results in additional interference scenarios. For example, a 
terminal located close to but not permitted to connect to the home base station will be subject 
to strong interference and may not be able to access the macro-cell. In essence, the presence 
of a home base station and may cause a coverage hole in the operator’s macro network, a 
problem that is particularly worrisome as the home base stations typically are user deployed 
and their locations are not controlled by the operator. Similarly, reception at the home base 
station may be severely impacted by uplink transmissions from the terminal connected to the 
macro-cell. In principle, these problems can to some extent be solved by the same means as 
above—that is, by relying on interference coordination between the scheduling in the home- 
eNodeB layer and an overlaid macro. However, note that the interference avoidance must be 
two-way—that is, one must not only avoid interference from the macro cell to home-eNodeB 
terminals in the high-interference outer region of the home-eNodeB coverage area, but also 
home-eNodeB interference to terminals close to the home-eNodeB but not being part of the 
home-eNodeB CSG. Furthermore, most interference coordination schemes assume the 
presence of an X2 interface between the macro- and home eNodeB, which may not always 
hold. Therefore, if closed subscriber groups are supported, it is preferable to use a separate 
carrier for the CSG cells to maintain the overall performance of the radio-access network. 
Interference handling between CSG cells, which typically lack backhaul-based coordination 
schemes, could rely on distributed algorithms for power control and/or resource partitioning 
between the cells. 


ee 


Multimedia Broadcast/Multicast 
Services 


In the past, cellular systems have mostly focused on transmission of data intended for a single 
user and not on multicast/broadcast services. Broadcast networks, exemplified by the radio 
and TV broadcasting networks, have on the other hand focused on covering very large areas 
with the same content and have offered no or limited possibilities for transmission of 
data intended for a single user. Multimedia Broadcast Multicast Services (MBMS) 
support multicast/broadcast services in a cellular system, thereby combining the provision of 
multicast/broadcast and unicast services within a single network. 

With MBMS, introduced in LTE release 9, the same content is transmitted to multiple 
users located in a specific area, known as the MBMS service area and typically comprising 
multiple cells. In each cell participating in the transmission, a point-to-multipoint 
radio resource is configured and all users subscribing to the MBMS service simultaneously 
receive the same transmitted signal. No tracking of users’ movement in the radio-access 
network is performed and users can receive the content without notifying the network. 

When providing multicast/broadcast services for mobile devices there are several aspects 
to take into account, of which two deserve special attention and will be elaborated upon 
further below: good coverage and low terminal power consumption. 

The coverage, or more accurately the data rate possible to provide, is basically determined 
by the link quality of the worst-case user, as no user-specific adaptation of transmission 
parameters can be used in a multicast/broadcast system providing the same information to 
multiple users. As discussed in Chapter 3, OFDM transmission provides specific benefits for 
provision of multi-cell multicast/broadcast services. If the transmissions from the different 
cells are time synchronized, the resulting signal will, from a terminal point of view, appear as 
a transmission from a single point over a time-dispersive channel. As mentioned in Chapter 7, 
for LTE this kind of transmission is referred to as an MBMS Single-Frequency Network 
(MBSEN). MBSEN transmission provides several benefits: 


¢ Increased received signal strength, especially at the border between cells involved in the 
MBSEN transmission, as the terminal can utilize the signal energy received from 
multiple cells. 

¢ Reduced interference level, once again especially at the border between cells involved 
in the MBSEN transmission, as the signals received from neighboring cells will not 
appear as interference but as useful signals. 
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e Additional diversity against fading on the radio channel as the information is received 
from several, geographically separated locations, typically making the overall aggregated 
channel appear highly time-dispersive or, equivalently, highly frequency selective. 


Altogether, this allows for significant improvements in the multicast/broadcast reception 
quality, especially at the border between cells involved in the MBSEN transmission, and, as a 
consequence, significant improvements in the achievable multicast/broadcast data rates. 

Providing for power-efficient reception in the terminal in essence implies that the structure 
of the overall transmission should be such that data for a service-of-interest is provided in 
short high-data-rate bursts rather than longer low-data-rate bursts. This allows the terminal to 
occasionally wake up to receive data with long periods of DRX in between. In LTE, this is 
catered for by time-multiplexing unicast and broadcast transmissions, as well as by the 
scheduling of different MBMS services, as discussed further below. 


17.1 Architecture 


An MBSFN area is a specific area where one or several cells transmit the same content. For 
example, in Figure 17.1, cells 8 and 9 both belong to MBSFN area C. Not only can an 
MBSEN area consist of multiple cells, a single cell can also be part of multiple, up to eight, 
MBSEN areas, as shown in Figure 17.1 where cells 4 and 5 are part of both MBSEN areas A 
and B. Note that, from an MBSEN reception point of view, the individual cells are invisible, 
although the terminal needs to be aware of the different cells for other purposes, such as 
reading system information and notification indicators, as discussed below. The MBSFN 
areas are static and do not vary over time. 

The usage of MBSEN transmission requires not only time synchronization among the cells 
participating in an MBSFN area, but also usage of the same set of radio resources in each of 
the cells for a particular service. This coordination is the responsibility of the Multi-cell/ 
multicast Coordination Entity (MCE), which is a logical node in the radio-access 
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network handling allocation of radio resources and transmission parameters (time— 
frequency resources and transport format) across the cells in the MBSFN area. As shown in 
Figure 17.2, the MCE! can control multiple eNodeBs, each handling one or more cells. 

The Broadcast Multicast Service Center (BM-SC), located in the core network, is 
responsible for authorization and authentication of content providers, charging, and the 
overall configuration of the data flow through the core network. The MBMS gateway 
(MBMS-GW) is a logical node handling multicast of IP packets from the BM-SC to all 
eNodeBs involved in transmission in the MBSEN area. It also handles session control 
signaling via the MME. 

From the BM-SC, the MBMS data is forwarded using IP multicast, a method of sending an 
IP packet to multiple receiving network nodes in a single transmission, via the MBMS 
gateway to the cells from which the MBMS transmission is to be carried out. Hence, MBMS 
is not only efficient from a radio-interface perspective, but it also saves resources in the 
transport network by not having to send the same packet to multiple nodes individually unless 
necessary. This can lead to significant savings in the transport network. 

A terminal receiving MBMS transmission may also receive unicast transmission on the 
same carrier as MBMS and unicast transmissions are time-multiplexed onto different sub- 
frames. This assumes the same carrier being used for both MBMS and unicast transmission, 
which may limit the deployment flexibility in case an operator uses multiple carriers (multiple 
frequency bands) in an MBSEN area. In release 11, enhancements were introduced to 
improve operation in such deployments. Briefly, the terminal informs the network about its 
MBMS interest and capabilities. The network can take this information into account and 
ensure that the terminal is able to receive the relevant MBMS service, for example by 
handover of the terminal to the carrier providing the MBMS transmission. A carrier- 
aggregation capable terminal may receive unicast transmissions on one component carrier 
and MBMS on another component carrier. 


'There is an alternative architecture supported where MCE functionality is included in every eNodeB. How- 
ever, as there is no communication between MCEs in different eNodeBs, the MBSFN area would in this case 
be limited to the set of cells controlled by a single eNodeB. 
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17.2 Overall channel structure and physical-layer processing 


The basis for MBSEFN transmission is the Multicast Channel (MCH), a transport channel type 
supporting MBSEN transmission. Two types of logical channels can be multiplexed and 
mapped to the MCH: 


¢ Multicast Traffic Channel (MTCH) 
¢ Multicast Control Channel (MCCH) 


The MTCH is the logical channel type used to carry MBMS data corresponding to a 
certain MBMS service. If the number of services to be provided in an MBSEN area is large, 
multiple MTCHs can be configured. As no acknowledgements are transmitted by the ter- 
minals, no RLC retransmissions can be used and consequently the RLC unacknowledged 
mode is used. 

The MCCH is the logical channel type used to carry control information necessary for 
reception of a certain MBMS service, including the subframe allocation and modulation-and- 
coding scheme for each MCH. There is one MCCH per MBSEN area. Similarly to the MTCH, 
the RLC uses unacknowledged mode. 

One or several MTCHs and, if applicable,” one MCCH are multiplexed at the MAC layer 
to form an MCH transport channel. As described in Chapter 8, the MAC header contains 
information about the logical-channel multiplexing, in this specific case the MTCH/MCCH 
multiplexing, such that the terminal can demultiplex the information upon reception. The 
MCH is transmitted using MBSEN in one MBSEN area. 

The transport-channel processing for MCH is, in most respects, the same as that for 
DL-SCH as described in Section 10.1, with some exceptions: 


e In the case of MBSFN transmission, the same data is to be transmitted with the same 
transport format using the same physical resource from multiple cells typically 
belonging to different eNodeBs. Thus, the MCH transport format and resource allocation 
cannot be dynamically adjusted by the eNodeB. As described above, the transport 
format is instead determined by the MCE and signaled to the terminals as part of the 
information sent on the MCCH. 

e As the MCH transmission is simultaneously targeting multiple terminals and 
therefore no feedback is used, hybrid ARQ is not applicable in the case of MCH 
transmission. 

e As already mentioned, multi-antenna transmission (transmit diversity and spatial 
multiplexing) does not apply to MCH transmission. 


Furthermore, as also mentioned in Chapter 10, the PMCH scrambling should be 
MBSFN-area specific—that is, identical for all cells involved in the MBSFN transmission. 


?One MCCH per MBSEN area is needed, but is does not have to occur in every MCH TTI, nor on all MCHs in 
the MBSEN area. 
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Resource-block structure for MBSFN subframes, assuming normal cyclic prefix for the control region 


The MCH is mapped to the PMCH physical channel and transmitted in MBSFN sub- 
frames, illustrated in Figure 17.3. As discussed in Chapter 9, an MBSEN subframe consists of 
two parts: a control region, used for transmission of regular unicast L1/L2 control signaling;, 
and an MBSFN region, used for transmission of the MCH.° Unicast control signaling may be 
needed in an MBSEN subframe, for example to schedule uplink transmissions in a later 
subframe, but is also used for MBMS-related signaling, as discussed further below. 

As discussed in Chapter 3, in the case of MBSFN-based multicast/broadcast transmission, 
the cyclic prefix should not only cover the main part of the actual channel time dispersion but 
also the timing difference between the transmissions received from the cells involved in the 
MBSEN transmission. Therefore, MCH transmissions, which can take place in the MBSFN 
region only, use an extended cyclic prefix. If a normal cyclic prefix is used for normal sub- 
frames, and therefore also in the control region of MBSFN subframes, there will be a small 
“hole” between the two parts of the MBSEN subframe, as illustrated in Figure 17.3. The 
reason is to keep the start timing of the MBSFN region fixed, irrespective of the cyclic prefix 
used for the control region. 

As already mentioned, the MCH is transmitted by means of MBSEN from the set of cells 
that are part of the corresponding MBSFN area. Thus, as seen from the terminal point of view, 
the radio channel that the MCH has propagated over is the aggregation of the channels of each 
cell within the MBSFN area. For channel estimation for coherent demodulation of the MCH, 
the terminal can thus not rely on the normal cell-specific reference signals transmitted from 
each cell. Rather, in order to enable coherent demodulation for MCH, special MBSFN 
reference symbols are inserted within the MBSEN part of the MBSEN subframe, as illustrated 
in Figure 17.4. These reference symbols are transmitted by means of MBSEN over the set of 
cells that constitute the MBSFN area—that is, they are transmitted at the same time— 
frequency position and with the same reference-symbol values from each cell. Channel 
estimation using these reference symbols will thus correctly reflect the overall aggregated 
channel corresponding to the MCH transmissions of all cells that are part of the MBSFN area. 


3s discussed in Chapter 9, MBSEN subframes can be used for multiple purposes and not all of them have to be 
used for MCH transmission. 
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Reference-signal structure for PMCH reception 


MBSEN transmission in combination with specific MBSEN reference signals can be seen 
as transmission using a specific antenna port, referred to as antenna port 4. 

A terminal can assume that all MBSEN transmissions within a given subframe correspond 
to the same MBSEN area. Hence, a terminal can interpolate over all MBSFN reference 
symbols within a given MBSEN subframe when estimating the aggregated MBSEN channel. 
In contrast, MCH transmissions in different subframes may, as already discussed, correspond 
to different MBSEN areas. Consequently, a terminal cannot necessarily interpolate the 
channel estimates across multiple subframes. 

As can be seen in Figure 17.4, the frequency-domain density of MBSEN reference 
symbols is higher than the corresponding density of cell-specific reference symbols. This is 
needed as the aggregated channel of all cells involved in the MBSEFN transmission will be 
equivalent to a highly time-dispersive or, equivalently, highly frequency-selective channel. 
Consequently, a higher frequency-domain reference-symbol density is needed. 

There is only a single MBSEN reference signal in MBSEN subframes. Thus, multi- 
antenna transmission such as transmit diversity and spatial multiplexing is not supported 
for MCH transmission. The main argument for not supporting any standardized transmit 
diversity scheme for MCH transmission is that the high frequency selectivity of the aggre- 
gated MBSEN channel in itself provides substantial (frequency) diversity. Transmit-diversity 
schemes transparent to the terminal and hence not requiring any specific support in the 
specifications can still be applied if beneficial. 


17.3 Scheduling of MBMS services 


Good coverage throughout the MBSEN area is, as already explained, one important aspect of 
providing broadcast services. Another important aspect, as mentioned in the introduction, is 
to provide for energy-efficient reception. In essence, for a given service, this translates into 
transmission of short high-rate bursts in between which the terminal can enter a DRX state to 
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reduce power consumption. LTE therefore makes extensive use of time-multiplexing of 
MBMS services and the associated signaling, as well as provides a mechanism to inform the 
terminal when in time a certain MBMS service is transmitted. Fundamental to the description 
of this mechanism are the Common Subframe Allocation (CSA) period and the MCH 
Scheduling Period (MSP). 

All MCHs that are part of the same MBSFN area occupy a pattern of MBSFN subframes 
known as the Common Subframe Allocation (CSA). The CSA is periodic, as illustrated in 
Figure 17.5. The subframes used for transmission of the MCH must be configured as MBSFN 
subframes, but the opposite does not hold—MBSEN subframes can be configured for other 
purposes as well, for example to support the backhaul link in the case of relaying, as described 
in Chapter 18. Furthermore, the allocation of MBSFN subframes for MCH transmission 
should be identical across the MBSEN area as there otherwise will not be any MBSEN gain. 
This is the responsibility of the MCE. 

Transmission of a specific MCH follows the MCH Subframe Allocation (MSA). The MSA 
is periodic and at the beginning of each MCH Scheduling Period (MSP), a MAC control 
element is used to transmit the MCH Scheduling Information (MSI). The MSI indicates which 
subframes are used for a certain MTCH in the upcoming scheduling period. Not all possible 
subframes need to be used; if a smaller number than allocated to an MCH is required by the 
MTCH(s), the MSI indicates the last MCH subframe to be used for this particular MTCH 
(MSA end in Figure 17.5), while the remaining subframes are not used for MBMS 
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Example of scheduling of MBMS services 


eee 
410 CHAPTER 17 Multimedia Broadcast/Multicast Services 


transmission. The different MCHs are transmitted in consecutive order within a CSA 
period—that is, all subframes used by MCH n ina CSA are transmitted before the subframes 
used for MCH n + 1 in the same CSA period. 

The fact that the transport format is signaled as part of the MCCH implies that the MCH 
transport format may differ between MCHs but must remain constant across subframes 
used for the same MCH. The only exception is subframes used for the MCCH and MSI, where 
the MCCH-specific transport format, signaled as part of the system information, is used 
instead. 

In the example in Figure 17.5, the scheduling period for the first MCH is 16 frames, 
corresponding to one CSA period, and the scheduling information for this MCH is therefore 
transmitted once every 16 frames. The scheduling period for the second MCH, on the other 
hand, is 32 frames, corresponding to two CSA periods, and the scheduling information is 
transmitted once every 32 frames. The MCH scheduling periods can range from 80 ms to 
10.24 s. 

To summarize, for each MBSEN area, the MCCH provides information about the CSA 
pattern, the CSA period, and, for each MCH in the MBSFEN area, the transport format and the 
scheduling period. This information is necessary for the terminal to properly receive the 
different MCHs. However, the MCCH is a logical channel and is itself mapped to the MCH, 
which would result in a chicken-and-egg problem—the information necessary for receiving 
the MCH is transmitted on the MCH. Hence, in TTIs when the MCCH (or MSJ) is multi- 
plexed into the MCH, the MCCH-specific transport format is used for the MCH. The 
MCCH-specific transport format is provided as part of the system information (SIB13; see 
Chapter 14 for a discussion about system information). The system information also provides 
information about the scheduling and modifications periods of the MCCH (but not about CSA 
period, CSA pattern, and MSP, as those quantities are obtained from the MCCH itself). 
Reception of a specific MBMS service can thus be described by the following steps: 


¢ Receive SIB13 to obtain knowledge on how to receive the MCCH for this particular 
MBSEN area. 

¢ Receive the MCCH to obtain knowledge about the CSA period, CSA pattern, and MSP 
for the service of interest. 

e Receive the MSI at the beginning of each MSP. This provides the terminal with 
information on which subframes the service of interest can be found in. 


After the second step above, the terminal has acquired the CSA period, CSA pattern, and 
MSP. These parameters typically remain fixed for a relatively long time. The terminal 
therefore only needs to receive the MSI and the subframes in which the MTCH carrying the 
service of interest are located, as described in the third bullet above. This greatly helps to 
reduce the power consumption in the terminal as it can sleep in most of the subframes. 
Occasionally there may be a need to update the information provided on the MCCH, for 
example when starting a new service. Requiring the terminal to repeatedly receive the MCCH 
comes at a cost in terms of terminal power consumption. Therefore, a fixed schedule for 
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Notification is transmitted in this period... ...-and the updated MCCH information is transmitted in this period. 


t MCCH repetition period 
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MCCH transmission schedule 


MCCH transmission is used in combination with a change-notification mechanism, as 
described below. 

The MCCH information is transmitted repeatedly with a fixed repetition period and 
changes to the MCCH information can only occur at specific time instants. When (parts of) 
the MCCH information are changed, which can only be done at the beginning of a new 
modification period, as shown in Figure 17.6, the network notifies the terminals about the 
upcoming MCCH information change in the preceding MCCH modification period. The 
notification mechanism uses the PDCCH for this purpose. An eight-bit bitmap, where each bit 
represents a certain MBSFN area, is transmitted on the PDCCH in an MBSEN subframe using 
DCI format IC and a reserved identifier, the M-RNTI. The notification bitmap is only 
transmitted when there are any changes in the services provided (in release 10, notification is 
also used to indicate a counting request in an MBSEN area) and follows the modification 
period described above. 

The purpose of the concept of notification indicators and modification periods is to 
maximize the amount of time the terminal may sleep to save battery power. In the absence of 
any changes to the MCCH information, a terminal currently not receiving MBMS may enter 
DRX and only wake up when the notification indicator is transmitted. As a PDCCH in an 
MBSEN subframe spans at most two OFDM symbols, the duration during which the terminal 
needs to wake up to check for notifications is very short, translating to a high degree of power 
saving. Repeatedly transmitting the MCCH is useful to support mobility; a terminal entering a 
new area or a terminal missing the first transmission does not have to wait until the start of a 
new modification period to receive the MCCH information. 


ee 


Relaying 


The possibility of a terminal communicating with the network, and the data rate that can be 
used, depends on several factors, including the path loss between the terminal and the base 
station. The link performance of LTE is already quite close to the Shannon limit and from a 
pure link-budget perspective, the highest data rates supported by LTE require a relatively high 
signal-to-noise ratio. Unless the link budget can be improved, for example with different 
types of beam-forming solutions, a denser infrastructure is required to reduce the terminal-to- 
base-station distance and thereby improve the link budget. 

A denser infrastructure is mainly a deployment aspect, but in later releases of LTE, various 
tools enhancing the support for low-power base stations were included. One of these tools is 
relaying, which can be used to reduce the distance between the terminal and the infra- 
structure, resulting in an improved link budget and an increased possibility for high data rates. 
In principle this reduction in terminal-to-infrastructure distance could be achieved by 
deploying traditional base stations with a wired connection to the rest of the network. 
However, relays with a shorter deployment time can often be an attractive alternative, as there 
is no need to deploy a specific backhaul. 

A wide range of relay types can be envisioned, some of which could already be deployed 
in release 8. 

Amplify-and-forward relays, commonly referred to as repeaters, simply amplify and 
forward the received analog signals and are, on some markets, relatively common as a tool for 
handling coverage holes. Traditionally, once installed, repeaters continuously forward the 
received signal regardless of whether there is a terminal in their coverage area or not, 
although more advanced repeaters can be considered as well. Repeaters are transparent to 
both the terminal and the base station and can therefore be introduced in existing networks. 
The fact that the basic principle of a repeater is to amplify whatever it receives, including 
noise and interference as well as the useful signal, implies that repeaters are mainly useful in 
high-SNR environments. Expressed differently, the SNR at the output of the repeater can 
never be higher than at the input. 

Decode-and-forward relays decode and re-encode the received signal prior to forwarding 
it to the served users. The decode-and-re-encode process results in this class of relays not 
amplifying noise and interference, as is the case with repeaters. They are therefore also useful 
in low-SNR environments. Furthermore, independent rate adaptation and scheduling for the 
base station—relay and relay—terminal links is possible. However, the decode-and-re-encode 
operation implies a larger delay than for an amplify-and-forward repeater, longer than 
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the LTE subframe duration of 1 ms. As for repeaters, many different options exist depending 
on supported features (support of more than two hops, support for mesh structures, etc.) and, 
depending on the details of those features, a decode-and-forward relay may or may not be 
transparent to the terminal. 


18.1 Relays in LTE 


LTE release 10 introduced support for a decode-and-forward relaying scheme (repeaters 
require no additional standardization support other than RF requirements and are already 
available in release 8). A basic requirement in the development of LTE relaying solutions was 
that the relay should be transparent to the terminal—that is, the terminal should not be aware 
of whether it is connected to a relay or to a conventional base station. This ensures that 
releases-8/9 terminals can also be served by relays, despite relays being introduced in release 
10. Therefore, so-called self-backhauling was taken as the basis for the LTE relaying solution. 
In essence, from a logical perspective, a relay is an eNodeB wirelessly connected to the rest of 
the radio-access network by using the LTE radio interface. It is important to note that, even 
though the relay from a terminal perspective is identical to an eNodeB, the physical imple- 
mentation may differ significantly from a traditional base station, for example in terms of 
output power. 

In conjunction with relaying, the terms backhaul link and access link are often used to 
refer to the base station—relay connection and the relay—terminal connection respectively. The 
cell to which the relay is connected using the backhaul link is known as the donor cell and the 
donor cell may, in addition to one or several relays, also serve terminals not connected via a 
relay. This is illustrated in Figure 18.1. 

Since the relay communicates both with the donor cell and terminals served by the relay, 
interference between the access and backhaul links must be avoided. Otherwise, since the 
power difference between access-link transmissions and backhaul-link reception at the relay 
can easily be more than 100 dB, the possibility of receiving the backhaul link may be 
completely ruined. Similarly, transmissions on the backhaul link may cause significant 
interference to the reception of the access link. These two cases are illustrated in Figure 18.2. 
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Access and backhaul links 
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FIGURE 18.2 


Interference between access and backhaul links 


Therefore, isolation between the access and backhaul links is required—isolation that can be 
obtained in one or several of the frequency, time, and/or spatial domains. 

Depending on the spectrum used for access and backhaul links, relaying can be classified 
into outband and inband types. 

Outband relaying implies that the backhaul operates in a spectrum separate from that of 
the access link, using the same radio interface as the access link. Provided that the frequency 
separation between the backhaul and access links is sufficiently large, interference between 
the backhaul and access links can be avoided and the necessary isolation is obtained in the 
frequency domain. Consequently, no enhancements to the release-8 radio interface are 
needed to operate an outband relay. There are no restrictions on the activity on the access and 
backhaul links and the relay can in principle operate with full duplex. 

Inband relaying implies that the backhaul and access links operate in the same spectrum. 
Depending on the deployment and operation of the relay, this may, as the access and backhaul 
link share the same spectrum, require additional mechanisms to avoid interference between 
the access and backhaul links. Unless this interference can be handled by proper antenna 
arrangements, for example with the relay deployed in a tunnel with the backhaul antenna 
placed outside the tunnel, a mechanism to separate activity on the access and backhaul links 
in the time domain is required. Such a mechanism was introduced as part of release 10 and 
will be described in more detail. Since the backhaul and access links are separated in the time 
domain, there is a dependency on the transmission activity and the two links cannot operate 
simultaneously. 

The RF requirements for decode-and-forward relays were introduced in 3GPP release 11. 
Because of the similarities with operation of the access and backhaul links with base stations 
and UEs respectively, the requirements are to a large extent very similar to the corresponding 
ones for base stations and UEs. This is discussed in more detail in section 19.14. 


18.2 Overall architecture 


From an architectural perspective, a relay can, on a high level, be thought of as having a 
“base-station side” and a “terminal side.” Towards terminals, it behaves as a conventional 
eNodeB using the access link, and a terminal is not aware of whether it is communicating 
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with a relay or a “traditional” base station. Relays are therefore transparent for the terminals 
and terminals from the first LTE release, release 8, can also benefit from relays. This is 
important from an operator’s perspective, as it allows a gradual introduction of relays without 
affecting the existing terminal fleet. 

Towards the donor cell, a relay initially operates as a terminal, using the LTE radio 
interface to connect to the donor cell. Once connection is established and the relay is 
configured, the relay uses a subset of the “terminal side” functionality for communication on 
the backhaul link. In this phase, the relay-specific enhancements described in this chapter 
may be used for the backhaul. 

In release 10, the focus is on two-hop relaying and scenarios with a relay connected to the 
network via another relay are not considered. Furthermore, relays are stationary—that is, 
handover of a relay from one donor cell to another donor cell is not supported. The case for 
using mobile relays is not yet clear and therefore it was decided in release 10 not to 
undertake the relatively large task of adapting existing core-network procedures to handle 
cells that are moving over time (something that could have been a consequence of a mobile 
relay). 

The overall LTE relaying architecture is illustrated in Figure 18.3. One key aspect of the 
architecture is that the donor eNodeB acts as a proxy between the core network and the relay. 
From a relay perspective, is appears as if it is connected directly to the core network, as the 
donor eNodeB appears as an MME for the S1 interface and an eNodeB for X2 towards the 
relay. From a core-network perspective, on the other hand, the relay cells appear as if they 
belong to the donor eNodeB. It is the task of the proxy in the donor eNodeB to connect these 
two views. The use of a proxy is motivated by the desire to minimize the impact to the core 
network from the introduction of relays, as well as to allow for features such as tight 
coordination of radio-resource management between the donor eNodeB and the relay. 
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18.3 Backhaul design for inband relaying 


In the case of inband relaying, the backhaul and access links operate in the same spectrum. As 
discussed in the previous section, a mechanism to separate activity on the access and backhaul 
links in the time domain is required unless sufficient isolation between the two links can be 
achieved in other ways, for example through appropriate antenna arrangements. Such a 
mechanism should ensure that the relay is not transmitting on the access link at the same time 
as it is receiving on the backhaul link (and vice versa). 

One way to handle this is to “blank” some subframes on the access link to provide the relay 
with the possibility to communicate with the donor eNodeB on the backhaul link. In the 
uplink, the scheduler in the relay can in principle schedule such that there is no access-link 
activity in certain subframes. These subframes can then be used for uplink transmissions on 
the backhaul link as the relay does not need to receive anything on the access link in these 
subframes. However, blanking subframes on the access downlink is not possible. Although a 
release-10 terminal in principle could have been designed to cope with blank subframes, 
terminals from earlier releases expect at least cell-specific reference signals to be present in 
all downlink subframes. Hence, to preserve the possibility of also serving releases-8/9 
terminals, which was an important requirement during standardization of release 10, the 
design of the backhaul link must be based on the assumption that the access link can operate 
with release-8 functionality only. 

Fortunately, from the first release LTE included the possibility of configuring MBSFN 
subframes (see Chapter 9). In an MBSFN subframe, terminals expect cell-specific reference 
signals and (possibly) L1/L2 control signaling to be transmitted only in the first one or two 
OFDM symbols, while the remaining part of the subframe can be empty. By configuring some 
of the access-link subframes as MBSEN subframes, the relay can stop transmitting in the 
latter part of these subframes and receive transmissions from the donor cell. As seen in 
Figure 18.4, the gap during which the relay can receive transmissions from the donor cell is 
shorter than the full subframe duration. In particular, as the first OFDM symbols in the 
subframe are unavailable for reception of donor-cell transmissions, L1/L2 control signaling 
from the donor to the relay cannot be transmitted using the regular PDCCH. Instead, a relay- 
specific control channel, the R-PDCCH, was introduced in release 10. 
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Not only are transmission gaps in the access downlink required in order to receive 
transmissions from the donor cell, but also reception gaps in the access link are needed in 
order to transmit on the backhaul from the relay to the donor cell. As already mentioned, such 
gaps can be created through proper scheduling of uplink transmissions. 

The detailed specifications of the physical-layer enhancements introduced in release 10 to 
support the backhaul can be found in [75]. 


18.3.1 Access-link hybrid-ARQ operation 


The access-link gaps discussed above, MBSEN subframes in the downlink and scheduling 
gaps in the uplink, used in order to be able to receive and transmit respectively on the 
backhaul link, affect the hybrid-ARQ operation. Note that hybrid ARQ is used on both the 
access and backhaul links. Since compatibility with release 8 was a fundamental requirement 
in the development of the LTE relaying solution, there are no changes to access-link hybrid- 
ARQ operation. 

For uplink transmissions on PUSCH, hybrid-ARQ acknowledgements are transmitted on 
PHICH. Since the PHICH can be transmitted by the relay even in MBSFN subframes, the 
operation is identical to that in earlier releases of the LTE standard. However, although the 
hybrid-ARQ acknowledgement can be received, the subframe where the retransmission 
should take place (8 ms after the initial transmission for FDD, configuration dependent for 
TDD) may be used by the backhaul link and not be available for the access link. In that case 
the corresponding uplink hybrid-ARQ process needs to be suspended by transmitting 
a positive acknowledgement on the PHICH, irrespective of the outcome of the decoding. 
By using PDCCH, a retransmission can instead be requested in a later subframe available for 
the same hybrid-ARQ process, as described in Chapter 12. The hybrid-ARQ round-trip time 
will be larger in those cases (for example, 16 ms instead of 8 ms for FDD). 

Downlink transmissions on PDSCH trigger hybrid-ARQ acknowledgements to be sent on 
PUCCH and, for proper operation, the relay should be able to receive those acknowledge- 
ments. The possibility to recetve PUCCH on the access link depends on the backhaul 
operation, more specifically on the allocation of subframes for backhaul communication. 

In FDD, backhaul subframes are configured such that an uplink subframe occurs 4 ms after 
a downlink subframe. This is chosen to match the access-link hybrid-ARQ timing relations, 
where an uplink subframe follows 4 ms after a downlink subframe As the relay cannot 
transmit on the access link simultaneously with the backhaul link, there is no access-link 
transmission in subframe n and, consequently, no hybrid-ARQ transmission in subframe 
n + 4. Hence, the inability to receive access-link hybrid-ARQ acknowledgements in some 
subframes is of no concern as the corresponding downlink subframes cannot be used for 
access-link transmission anyway. Downlink retransmissions are not an issue as they are 
asynchronous and can be scheduled in any suitable downlink subframe on the access link. 

In TDD, the relay node may not be able to receive hybrid-ARQ feedback on PUCCH in 
uplink subframes used for transmission on the backhaul link. One possibility is to restrict the 
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downlink scheduler such that no terminals transmit PUCCH in uplink subframes the relay 
cannot receive. However, such a restriction may be too limiting. Alternatively, the relay can 
schedule without restrictions in the downlink and ignore the hybrid-ARQ acknowledgement. 
Retransmissions can then either be handled blindly—that is, the relay has to make an 
educated “guess” on whether a retransmission is required based on, for example, CSI feed- 
back—or RLC retransmissions are used to handle missing packets. Another possibility is to 
configure repetition of the hybrid-ARQ acknowledgements such that at least some of the 
repeated acknowledgements are receivable by the relay. 


18.3.2 Backhaul-link hybrid-ARQ operation 


For the backhaul link, the underlying principle in the design is to maintain the same timing 
relations as in release 8 for scheduling grants and hybrid-ARQ acknowledgements. As the 
donor cell may schedule both relays and terminals, such a principle simplifies the scheduling 
implementation, as scheduling and retransmission decisions for terminals and relays are taken 
at the same point in time. It also simplifies the overall structure, as release-8 solutions can be 
reused for the relay backhaul design. 

For FDD, the subframes configured for downlink backhaul transmission therefore follow a 
period of 8 ms in order to match the hybrid-ARQ round-trip time to the extent possible. This 
also ensures that the PUCCH can be received in the access link, as discussed in the previous 
section. However, as the possible configurations of MBSFN subframes have an inherent 
10 ms structure while the hybrid-ARQ timing follows an 8 ms periodicity, there is an inherent 
mismatch between the two. Hence, as illustrated in Figure 18.5, some backhaul subframes 
may be spaced 16 ms apart, as subframes 0, 4, 5, and 9 cannot be configured as MBSEN 
subframes (see Chapter 9). Uplink backhaul subframes follow 4 ms after a downlink backhaul 
subframe, following the principle discussed in the previous paragraph. 

For TDD, there is an inherent 10 ms component in the hybrid-ARQ timing relations, 
which matches the 10 ms MBSEN structure and makes it possible to keep a regular spacing of 
the backhaul transmission attempts. Subframes 0, 1, 5, and 6 cannot be configured as MBSFN 
subframes. Hence, TDD configuration 0, where subframes 0 and 5 are the only downlink 
subframes, cannot be used in a relay cell since this configuration does not support any 


Backhaul downlink Backhaul uplink Not possible to configure Not used for backhaul uplink as there is no 
\ J as MBSFN subframe downlink 4 ms earlier 
Vg af 
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Access downlink No access downlink — Access uplink No access uplink — 
MBSFN subframe scheduling restriction 
FIGURE 18.5 


Example of backhaul configuration for FDD 
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MBSEN subframes. For configuration 5, there is only a single uplink subframe, and in order 
to support both the backhaul and access links at least two uplink subframes are needed. 
Therefore, of the seven TDD configurations supported in LTE, only configurations 1, 2, 3, 4, 
and 6 are supported in relay cells. For each TDD configuration, one or several backhaul 
configurations are supported, as shown in Table 18.1. 

The underlying timing principles for hybrid-ARQ acknowledgements and uplink sched- 
uling grants are, as mentioned above, to keep the same principles as for the access link. 
However, backhaul transmissions may occur in backhaul subframes only. Therefore, for 
TDD, the acknowledgement of a transport block on the backhaul link in subframe n is 
transmitted in subframe n + k, where k > 4 and is selected such that n + k is an uplink 
backhaul subframe if the acknowledgement is to be transmitted from the relay, and a 
downlink backhaul subframe if the acknowledgement is transmitted from the eNodeB. 

The numbering of uplink hybrid-ARQ processes on the backhaul link is similar to the TDD 
numbering on the access link, where uplink hybrid-ARQ process numbers are assigned 
sequentially to the available backhaul occasions as shown in Figure 18.6, taking into account 


Table 18.1 Supported Backhaul Configurations for TDD 
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Example of hybrid-ARQ process numbering for FDD 


First slot Second slot 


R-PDCCH R-PDCCH PDSCH 
downlink assignment uplink grant donor-to-relay data 


FIGURE 18.7 
Example of R-PDCCH transmission 


the same processing times as for the access link (see Chapter 12). This is in contrast to the FDD 
access link, where the uplink hybrid-ARQ process number can be directly derived from the 
subframe number. The reason for adopting a somewhat different strategy is to minimize the 
maximum hybrid-ARQ round-trip time. Due to the fact that a pure 8 ms periodicity does not 
always match the MBSFN allocation, the actual uplink round-trip time, unlike the FDD access 
link, is not constant but, similar to the TDD access link, is dependent on the subframe number. 


18.3.3 Backhaul downlink control signaling 


The gap during which the relay can receive transmissions from the donor cell is, as seen in 
Figure 18.4, shorter than the full subframe duration. In particular, as the first OFDM symbols in 
the subframe are unavailable for reception of transmissions from the donor cell, L1/L2 control 
signaling from the donor to the relay cannot be transmitted using the regular PDCCH.' Instead, 
a relay-specific control channel, the R-PDCCH, was introduced in release 10. 

The R-PDCCH carries downlink scheduling assignments and uplink scheduling grants, 
using the same DCI formats as for the PDCCH. However, there is no support for power 


‘In principle, the PDCCH could be received if the subframe structures of the access and backhaul links are 
offset by two to three OFDM symbols, but with the drawback that relay and donor cells would not be time 
aligned. Time alignment is beneficial, for example, in heterogeneous deployments. 
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control commands using DCI formats 3/3A. The main function of DCI formats 3/3A is to 
support semi-persistent scheduling, a feature mainly targeting overhead reduction for low- 
rate services and not supported for the backhaul link. 

In the time domain, the R-PDCCH is, as already mentioned, received in the “MBSFEN 
region” of the subframe, while in the frequency domain, transmission of the R-PDCCH 
occurs in a set of semi-statically allocated resource blocks. From a latency perspective it 
is beneficial to locate transmissions of downlink scheduling assignments as early as possible 
in the subframe. As discussed in Chapter 10, this was the main motivation for dividing 
normal subframes into a control region and a data region. In principle, a similar approach 
could be taken for the R-PDCCH, namely dividing the set of resource blocks used for 
R-PDCCH transmission into a control part and a data part. However, as it is not possible to 
exploit fractions of a subframe for transmission of PDSCH to terminals connected directly 
to the donor cell, transmission of a single R-PDCCH could block usage of a relatively large 
number of resource blocks. From an overhead and scheduling flexibility perspective, a 
structure where the frequency span of the R-PDCCH is minimized (while still providing 
sufficient diversity) and resources are allocated mainly in the time dimension is preferable. 
In the release-10 design of the R-PDCCH, these seemingly contradicting requirements have 
been addressed through a structure where downlink assignments are located in the first slot 
and uplink grants, which are less time critical, in the second slot of a subframe 
(see Figure 18.7). This structure allows the time-critical downlink assignments to be 
decoded early. To handle the case when there is no uplink grant to transmit to the relay, the 
R-PDCCH resources in the second slot may be used for PDSCH transmission to the 
same relay. 

Coding, scrambling, and modulation for the R-PDCCH follows the same principles as 
for the PDCCH (see Chapter 10), with the same set of aggregation levels supported (one, 
two, four, and eight CCEs). However, the mapping of the R-PDCCH to time-frequency 
resources is, different. Two different mapping methods, illustrated in Figure 18.8, are 
supported: 


e Without cross-interleaving. 
e With cross-interleaving. 


Non-interleaved R-PDCCHs Cross-interleaved R-PDCCHs 


FIGURE 18.8 


R-PDCCH mapping types, no cross-interleaving (left) and cross-interleaving (right) 
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Without cross-interleaving, one R-PDCCH is mapped to one set of virtual resource blocks, 
where the number of resource blocks (one, two, four, or eight) depends on the aggregation 
level. No other R-PDCCHs are transmitted using the same set of resource blocks. If the 
resource blocks are located sufficiently apart in the frequency domain, frequency diversity 
can be obtained, at least for the higher aggregation levels. Non-interleaved mapping is, for 
example, useful for beam-forming of the backhaul transmissions or when applying 
frequency-selective scheduling to the R-PDCCH. Either cell-specific reference signals (CRS) 
or demodulation reference signals (DM-RS) can be used for demodulation. 

Cross-interleaved mapping is similar to the strategy used for the PDCCH and reuses most 
of the PDCCH processing structures, except for the mapping to resource elements. A set of 
R-PDCCHs is multiplexed together, interleaved, and mapped to a set of resource blocks 
allocated for R-PDCCH transmission. As transmissions to multiple relays may share the same 
set of resource blocks, cell-specific reference signals are the only possibility for demodula- 
tion. The motivation for this mapping method is to obtain frequency diversity for the lowest 
aggregation level. However, it also comes at the cost of blocking additional resource blocks 
from PDSCH transmission as, even at low aggregation levels, several resource blocks in the 
frequency domain are used for the R-PDCCH. 

For both mapping cases, cross-interleaved as well as non-cross-interleaved, a set of 
candidate R-PDCCHs is monitored by the relay node. The set of resource blocks upon which 
the relay monitors for R-PDCCH transmission is configurable by the donor cell by signaling a 
set of virtual resource blocks using resource allocation type 0, 1, or 2 (see Chapter 10 for a 
discussion on resource allocation types). The sets may or may not overlap across multiple 
relay nodes. In the subframes used for backhaul reception, the relay attempts to receive and 
decode each of the R-PDCCHs candidates, as illustrated in Figure 18.9 and, if valid downlink 
control information is found, applies this information to downlink reception or uplink 
transmission. This approach is in essence similar to the blind decoding procedure used in the 
terminals, although there are some differences. First, there are no common search spaces for 
the relays as there is no need to receive broadcast information. Any information necessary for 
relay operation is transmitted using dedicated signaling. Secondly, the search spaces for the 
non-interleaved mapping are not time varying as in terminals, but remain static in time. 

The number of blind decoding attempts is the same as for a terminal—that is, six, six, two, 
and two attempts for aggregation levels one, two, four, and eight respectively. However, note 
that an R-PDCCH can be transmitted in either the first or second slot. Hence, the total number 
of decoding attempts performed by a relay is 64.7 

No PHICH channel is defined for the backhaul. The main reason for the PHICH in release 
8 was efficient support of non-adaptive retransmissions for delay-sensitive low-rate appli- 
cations, such as voice over IP. The backhaul from a relay, on the other hand, typically uses a 
higher data rate as multiple terminals are served by the relay. Hence, as control signaling 


Two slots and two DCI formats per transmission mode results in 2 - 2 - (6+6+2-+ 2) = 64. 
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Principle illustration of R-PDCCH monitoring 


overhead is less of an issue, the PHICH was omitted from the backhaul in order to simplify 
the overall design. Retransmissions are still supported through the use of the R-PDCCH. 


18.3.4 Reference signals for the backhaul link 


Backhaul reception at the relay can use cell-specific reference signals (CRS) or demodulation 
reference signals (DM-RS), described in Chapter 10. Different reference-signal types can be 
used for R-PDCCH and PDSCH, but if the R-PDCCH is received using demodulation 
reference signals, then demodulation reference signals should be used for PDSCH as well. 
This is a reasonable restriction as DM-RS for R-PDCCH is motivated by beam-forming. If 
beam-forming is used for the R-PDCCH there is no incentive not to also use beam-forming 
for the PDSCH. The opposite scenario, CRS for R-PDCCH and DM-RS for the PDSCH, does 
make sense though. One example is interleaved mapping of the control signaling, where 
multiple R-PDCCHs are multiplexed and individual beam-forming cannot be used, together 
with beam-forming of the PDSCH. The different combinations of reference signals supported 
for the backhaul link are summarized in Table 18.2. 
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Table 18.2 Combinations of Reference Signals and R-PDCCH Mapping Schemes 


Reference Signal Type Used 
for Demodulation of 


R-PDCCH PDSCH R-PDCCH Mapping Scheme 


CRS CRS Cross-interleaved or non-cross-interleaved 
CRS DM-RS Cross-interleaved or non-cross-interleaved 
DM-RS DM-RS Non-cross-interleaved 


Note also that in the case of (global) time alignment between the donor and relay cell, the 
last OFDM symbol cannot be received by the relay as it is needed for reception-transmission 
switching. Hence, the demodulation reference signals on the last OFDM symbols in the 
subframe cannot be received. For transmission ranks up to 4 this is not a problem, as the 
necessary reference signals are also available earlier in the subframe. However, for spatial 
multiplexing with five or more layers, the first set of reference signals in the subframe is used 
for the lower layers while the second set of reference signals, located at the end of the subframe 
and that cannot be received, is used for the higher layers. This implies that reference signals for 
rank 5 and higher cannot be received by the relay, and backhaul transmissions are therefore 
restricted to at most four-layer spatial multiplexing, irrespective of the timing relation used. 


18.3.5 Backhaul—access link timing 


To ensure that the relay is able to receive transmissions from the donor cell, some form of 
timing relation between the downlink transmissions in the donor and relay cells must be 
defined, including any guard time needed to allow the relay to switch between access-link 
transmission to backhaul-link reception and vice versa. 

A natural choice for the timing of the access link is to synchronize it to the frame timing of 
the backhaul link as observed by the relay. From this backhaul downlink timing reference, the 
timing of the access-link transmission is derived as shown at the bottom of Figure 18.10. The 
backhaul uplink timing is subject to the normal timing advance controlled by the donor cell, 
ensuring that the backhaul uplink transmissions are time aligned with other uplink trans- 
missions received by the donor base station. 

In the backhaul downlink, the first OFDM symbol in the data region is left unused to provide 
the guard time for relay switching, and a small time offset is used to distribute the guard between 
Tx—-Rx and Rx—Tx switching at the relay. This case is shown at the bottom of Figure 18.11. 
Locating the guard symbol at the beginning of the data region instead of at the end is beneficial 
as the guard symbol is needed at the relay side only and can therefore still be used for 
transmission of PDCCHs to terminals in the donor cell. In principle, the guard time comes “for 
free” from a donor cell perspective, and the freedom in shifting the relay node frame timing 
relative to the donor cell timing is used to move the “free” guard period to where it is needed. 
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Backhaul timing relations in case the relay cell timing is derived from the backhaul timing 


The backhaul uplink is subject to the normal timing advance controlled by the donor cell, 
ensuring that the backhaul uplink transmissions are time aligned with other uplink trans- 
missions received by the donor base station. Similarly to the guard time needed to switch 
from access-link transmission to backhaul-link reception, which influenced the downlink 
timing relation between the access and backhaul links, there may also be the need for a guard 
time in the uplink direction to switch from access-link reception to backhaul-link trans- 
mission. However, unlike the downlink case, how to handle this is not standardized but left for 
implementation, noting that functionality already present in release 8 is sufficient for 
providing the necessary guard time. 

In principle, if the relay could switch from access-link reception to backhaul-link trans- 
mission within the cyclic prefix, no provisions for additional switching time would be 
necessary. However, the switching time is implementation dependent and typically larger 
than the cyclic prefix. For larger switching times, one possibility is to use the shortened 
transmission format on the access link, originally intended for sounding, as shown in the top 
part of Figure 18.10. By configuring all the terminals in the relay cell to reserve the last 
OFDM symbol of the preceding subframe for sounding-reference signals but not to transmit 
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Backhaul timing relations in access link transmission in the relay and donor cells are time 
synchronized 


any sounding-reference signals, a guard period of one OFDM symbol is created. This guard 
time can then be divided into Rx-Tx and Tx—Rx switching times through a time offset 
between the frame timing of the backhaul and access links. 

For some deployments, it is desirable to align the access-link transmission timing of the 
relay with the transmission timing of the donor cell—that is, to use a global timing reference 
for all the cells. One example hereof is TDD. In such deployments, the necessary guard times 
are obtained in a slightly different manner compared to the case of using reception timing of 
the backhaul downlink. In this case it is not possible to obtain the necessary guard time by 
shifting the subframe timing at the relay. Hence, the guard time for switching from backhaul- 
link reception to access-link transmission will also be visible at the donor cell, as the last 
OFDM symbol in the resource blocks used for the backhaul transmission cannot be used 
for other transmissions in the relay cell. If the time for Tx—Rx switching is longer than the 
donor-cell-to-relay-node propagation delay, then the first OFDM symbol has to be left unused 
as well. This case is shown in the bottom part of Figure 18.11. 

In the backhaul uplink, the guard time necessary, similar to the previous timing case, is 
obtained through configuration of (unused) sounding instances. However, unlike the previous 
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case, sounding is configured in the backhaul link, as shown at the top of Figure 18.11. Note 
that this implies that sounding cannot be used for the backhaul link, as the OFDM symbol 
intended as a sounding-reference symbol is used as guard time. 

In the case of TDD operation, guard time for the access—backhaul switch can, in addition 
to the methods discussed above, be obtained from the guard period required for TDD 
operation itself. This is shown in Figure 18.12 and is a matter of using the appropriate settings 
of timing advance and timing offsets. 

Backhaul downlink transmissions consist of data transmitted on the PDSCH and L1/L2 
control signaling transmitted on the R-PDCCH, as already discussed. Both these types of 
transmission must follow one of the timing scenarios discussed above. In order to allow 
for different implementations and deployments, the LTE specifications provide not only 
the possibility to configure which of the two access—backhaul downlink timing relations to 
use, but also flexibility in terms of the time span of the channels transmitted on the 
backhaul link. 

PDSCH transmissions intended for a relay can be semi-statically configured to start on the 
second, third, or fourth OFDM symbol to cater for different control region sizes in the donor 
cell and relay cells. The PDSCH transmission ends at the last or second last OFDM symbol, 
depending on which of the two timing cases above is used. 


Tp RN-BS Tout, BS 
—, i 
UL AS SS 
DL Pt 
Base station one 
>< Backhaul 
link 
; ToL-UL, RN 


Tretx Tun Uu 
— el ——- 
UL Z #2 #3 
a LL z 
Access 
Tet link 
| aaa ae 
Qa UL . 7 ae | 
DL ‘as == 
Terminal ee / 
> + 
FIGURE 18.12 


Example of uplink timing relation for TDD 
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R-PDCCH transmissions intended for a relay always start at the fourth OFDM symbol. 
A fixed starting position was chosen to simplify the overall structure. Since the amount of 
resource blocks occupied by an R-PDCCH is relatively small compared to the PDSCH, the 
overhead reduction possible with a configurable starting position is small and does not justify 
the additional specification and testing complexity. 


ee 


Spectrum and RF Characteristics 


Spectrum flexibility is, as mentioned in Chapter 7, a key feature of LTE radio access and is set 
out in the LTE design targets [10]. It consists of several components, including deployment in 
different-sized spectrum allocations and deployment in diverse frequency ranges, both in 
paired and unpaired frequency bands. 

There are a number of frequency bands identified for mobile use and specifically for IMT 
today. Many of these bands were first defined for operation with WCDMA/HSPA, but are now 
shared also with LTE deployments. However, new bands are today often defined for LTE only 
in 3GPP. Both paired and unpaired bands are included in the LTE specifications. The addi- 
tional challenge with LTE operation in some bands is the possibility of using channel 
bandwidths up to 20 MHz with a single carrier and even beyond that with aggregated carriers. 

The use of OFDM in LTE gives flexibility both in terms of the size of the spectrum 
allocation needed and in the instantaneous transmission bandwidth used. The OFDM physical 
layer also enables frequency-domain scheduling, as briefly discussed in Chapter 7. Beyond 
the physical layer implications described in Chapters 10 and 11, these properties also impact 
the RF implementation in terms of filters, amplifiers, and all other RF components that are 
used to transmit and receive the signal. This means that the RF requirements for the receiver 
and transmitter will have to be expressed with flexibility in mind. 


19.1 Spectrum for LTE 


LTE can be deployed both in existing IMT bands and in future bands that may be identified. 
The possibility of operating radio-access technology in different frequency bands is, in itself, 
nothing new. For example, 2G and 3G terminals are multi-band capable, covering bands used 
in the different regions of the world to provide global roaming. From a radio-access func- 
tionality perspective, this has no or limited impact and the LTE physical-layer specifications 
[61-64] do not assume any specific frequency band. What may differ, in terms of specifi- 
cation, between different bands is mainly the more specific RF requirements, such as the 
allowed maximum transmit power, requirements/limits on out-of-band (OOB) emission, and 
so on. One reason for this is that external constraints, imposed by regulatory bodies, may 
differ between different frequency bands. 


4G: LTE/LTE-Advanced for Mobile Broadband. http://dx.doi.org/10.1016/B978-0-12-419985-9.00019-2 43 1 
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19.1.1 Spectrum defined for IMT systems by the ITU-R 


The global designations of spectrum for different services and applications are done within 
the ITU-R. The World Administrative Radio Congress WARC-92 identified the bands 
1885-2025 and 2110-2200 MHz as intended for implementation of IMT-2000. Of these 230 
MHz of 3G spectrum, 2 x 30 MHz were intended for the satellite component of IMT-2000 
and the rest for the terrestrial component. Parts of the bands were used during the 1990s for 
deployment of 2G cellular systems, especially in the Americas. The first deployment of 3G in 
2001-2002 by Japan and Europe was done in this band allocation, and for that reason it is 
often referred to as the IMT-2000 “core band.” 

Additional spectrum for IMT-2000 was identified at the World Radio-communication 
Conference WRC-2000, where it was considered that an additional need for 160 MHz of 
spectrum for IMT-2000 was forecasted by the ITU-R. The identification includes the bands 
used for 2G mobile systems at 806—960 and 1710-1885 MHz, and “new” 3G spectrum in the 
bands at 2500-2690 MHz. The identification of bands previously assigned for 2G was also 
recognition of the evolution of existing 2G mobile systems into 3G. Additional spectrum was 
identified at WRC’07 for IMT, encompassing both IMT-2000 and IMT-Advanced. The bands 
added were 450-470, 698-806, 2300-2400, and 3400-3600 MHz, but the applicability of the 
bands varies on a regional and national basis. At WRC’ 12 there were no additional spectrum 
allocations identified for IMT, but the issue was put on the agenda for WRC’15. It was also 
determined to study the use of the band 694-790 MHz for mobile services in Region 1 
(Europe, Middle East, and Africa). 

The somewhat diverging arrangement between regions of the frequency bands assigned to 
IMT means that there is not one single band that can be used for 3G and 4G roaming 
worldwide. Large efforts have, however, been put into defining a minimum set of bands that 
can be used to provide roaming. In this way, multi-band devices can provide efficient 
worldwide roaming for 3G and 4G devices. 


19.1.2 Frequency bands for LTE 


The frequency bands where LTE will operate are in both paired and unpaired spectrum, 
requiring flexibility in the duplex arrangement. For this reason, LTE supports both FDD and 
TDD operation, as discussed in the previous chapters. 

Release 11 of the 3GPP specifications for LTE includes 27 frequency bands for FDD and 
twelve for TDD. The paired bands for FDD operation are numbered from 1 to 29 [76], as 
shown in Table 19.1, while the unpaired bands for TDD operation are numbered from 33 to 
44, as shown in Table 19.2. Note that the frequency bands for UTRA FDD use the same 
numbers as the paired LTE bands, but are labeled with Roman numerals. All bands for LTE 
are summarized in Figures 19.1 and 19.2, which also show the corresponding frequency 
allocation defined by the ITU. 

Some of the frequency bands are partly or fully overlapping. In most cases this is 
explained by regional differences in how the bands defined by the ITU are implemented. 
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Table 19.1 Paired Frequency Bands Defined by 3GPP for LTE 


Band Uplink Range (MHz) Downlink Range (MHz) Main Region(s) 


1920—1980 
1850—1910 
1710-1785 
1710-1755 
824—849 
830—840 
2500-2570 
880-915 
1749.9—-1784.9 
1710-1770 
1427.9-1447.9 
698-716 
111-187 
188-798 
704—716 
815—830 
830—845 
832—862 
1447.9-1462.9 
3410-3490 
2000-2020 
1626.5—1660.5 
1850-1915 
814-849 
807-824 
103—748 
N/A 
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10 
11 
12 
13 
14 
7 
18 
19 
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2110-2170 
1930—1990 
1805—1880 
2110-2155 
869-894 
875—885 
2620—2690 
925—960 


1844.9-1879.9 


2110-2170 


1475.9-1495.9 


128-746 
746—756 
158—768 
134-746 
860-875 
875—890 
791-821 


1495.9-1510.9 


3510-3590 
2180-2200 
1525-1559 
1930—1995 
859—894 
852—869 
758—803 
717-728 


Europe, Asia 
Americas (Asia) 
Europe, Asia (Americas) 
Americas 
Americas, Asia 
Japan (only for UTRA) 
Europe, Asia 
Europe, Asia 
Japan 
Americas 
Japan 

US 

US 

US 

US 

Japan 

Japan 

Europe 

Japan 

Europe 
Americas 
Americas 
Americas 
Americas 
Americas 
Asia/Pacific 
Americas 


At the same time, a high degree of commonality between the bands is desired to enable global 
roaming. A set of bands was first specified as bands for UTRA, with each band originating in 
global, regional, and local spectrum developments. The complete set of UTRA bands was 
then transferred to the LTE specifications in release 8, and additional ones have been added 


since then in later releases. 


Bands 1, 33, and 34 are the same paired and unpaired bands that were defined first for 
UTRA in release 99 of the 3GPPP specifications, also called the 2 GHz “core band.” Band 2 
was added later for operation in the US PCS1900 band and Band 3 for 3G operation in the 
GSM1800 band. The unpaired Bands 35, 36, and 37 are also defined for the PCS1900 
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Table 19.2 Unpaired Frequency Bands Defined by 3GPP for LTE 


Band Frequency Range (MHz) Main Region(s) 


33 1900—1920 Europe, Asia (not Japan) 
34 2010—2025 Europe, Asia 
35 1850—1910 (Americas) 
36 1930—1990 (Americas) 
37 1910-1930 = 

38 2570-2620 Europe 

39 1880—1920 China 

40 2300-2400 Europe, Asia 
4 2496—2690 US 

42 3400—3600 Europe 

43 3600—3800 Europe 

44 703—803 Asia/Pacific 


frequency ranges, but are not deployed anywhere today. Band 39 is an extension of the un- 
paired Band 33 from 20 to 40 MHz for use in China. 

Band 4 was introduced as a new band for the Americas following the addition of the 3G 
bands at WRC-2000. Its downlink overlaps completely with the downlink of Band 1, which 
facilitates roaming and eases the design of dual Band | + 4 terminals. Band /0 is an extension 
of Band 4 from 2 x 45 to 2 x 60 MHz. 

Band 9 overlaps with Band 3, but is intended only for Japan. The specifications are drafted 
in such a way that implementation of roaming dual Band 3 + 9 terminals is possible. The 
1500 MHz frequency band is also identified in 3GPP for Japan as Bands 11] and 21. It is 
allocated globally to mobile service on a co-primary basis and was previously used for 2G in 
Japan. 

With WRC-2000, the band 2500-2690 MHz was identified for IMT-2000 and it is 
identified as Band 7 in 3GPP for FDD and Band 38 for TDD operation in the “center gap” 
of the FDD allocation. The band has a slightly different arrangement in North America, 
where a US-specific Band 4/ is defined. Band 40 is an unpaired band specified for the 
new frequency range 2300-2400 MHz identified for IMT and has a widespread allocation 
globally. 

WRC-2000 also identified the frequency range 806-960 MHz for IMT-2000, com- 
plemented by the frequency range 698-806 MHz in WRC’07. As shown in Figure 19.2, 
several bands are defined for FDD operation in this range. Band 8 uses the same band plan as 
GSM900. Bands 5, 18, 19, 26, and 27 overlap, but are intended for different regions. Band 5 is 
based on the US cellular band, while Bands 18 and 19 are restricted to Japan in the 
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Operating bands specified for LTE in 3GPP above 1 GHz and the corresponding ITU allocation 
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Operating bands specified for LTE in 3GPP below 1 GHz and the corresponding ITU allocation 


specifications. 2G systems in Japan had a very specific band plan and Bands 18 and 19 are a 
way of partly aligning the Japanese spectrum plan in the 810-960 MHz range to that in other 
parts of the world. Note that Band 6 was originally defined in this frequency range for Japan, 
but it is not used for LTE. 

An extensive study was performed in 3GPP to create an extension of Band 5 (850 MHz), 
which is one of the bands with the most widespread deployment globally. The extension adds 
additional frequency ranges below the present Band 5 and is done with two new operating 
bands. Band 26 is the “Upper Extending 850 MHz” band, which encompasses the band 5 
range, adding 2x10 MHz to create an extended 2x35 MHz band. Band 27 is the “Lower 
Extending 850 MHz” band, which consists of the 2x17 MHz frequency range right below and 
adjacent to Band 5. 

Bands 12, 13, 14, and 17 make up the first set of bands defined for what is called the digital 
dividend—that is, for spectrum previously used for broadcasting. This spectrum is partly 
migrated to be used by other wireless technologies, since TV broadcasting is migrating from 
analog to more spectrum-efficient digital technologies. Other regional bands for the digital 
dividend are Band 20 that is defined in Europe and Band 28 for the Asia/Pacific region. An 
alternative unpaired arrangement in the Asia/Pacific region is the unpaired Band 44. 
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Band 29 is the only “paired” band that consists of a downlink without an identified uplink. 
It is intended for carrier aggregation, primarily with other downlink carriers in Band 2, 4, and 5. 

The paired Band 22 and unpaired Band 42 and 43 are specified for the frequency range 
3.4-3.8 GHz [78]. In Europe, a majority of countries already license the band at 3.4—3.6 GHz 
for both Fixed Wireless Access and mobile use, and there is a European spectrum decision for 
3.4-3.8 GHz with “flexible usage modes” for deployment of fixed, nomadic, and mobile 
networks. In Japan, not only 3.4—3.6 GHz but also 3.64.2 GHz will be available to terrestrial 
mobile services in the future. The band 3.4—3.6 GHz has also been licensed for wireless 
access in Latin America. 

Several Mobile Satellite Service (MSS) operators in the USA are planning to deploy an 
Ancillary Terrestrial Component (ATC) using LTE. For this purpose two new frequency 
bands are defined, Band 23 with 2 x 20 MHz band for the S-band MSS operators at 2 GHz, 
and Band 24 with 2 x 34 MHz band for the L-band MSS operators at 1.5 GHz. 


19.1.3 New frequency bands 


Additional frequency bands are continuously specified for UTRA and LTE. WRC’07 iden- 
tified additional frequency bands for IMT, which encompasses both IMT-2000 and 
IMT-Advanced. Several of the bands defined by WRC’07 are already available for LTE as 
described previously, or will become available partly or fully for deployment on a global 
basis: 


¢ 450-470 MHz was identified for IMT globally. It is already allocated to mobile service 
globally, but it is only 20 MHz wide and has a number of different arrangements. 

* 698-806 MHz was allocated to mobile service and identified for IMT to some extent in 
all regions. Together with the band at 806-960 MHz identified at WRC-2000, it forms a 
wide frequency range from 698 to 960 MHz that is partly identified to IMT in all regions, 
with some variations. A number of LTE bands are defined in this frequency. 

¢ 2300-2400 MHz was identified for IMT on a worldwide basis in all three regions. It is 
defined as LTE Band 40. 

¢ 3400-3600 MHz was allocated to the mobile service on a primary basis in Europe and 
Asia and partly in some countries in the Americas. There is also satellite use in the bands 
today. It is defined as LTE Bands 22, 42, and 43. 


Additional bands for IMT were not on the agenda for WRC’ 12, but are on the agenda for 
WRC’15. For the frequency ranges below 1 GHz identified at WRC-07, 3GPP has already 
specified several operating bands, as shown in Figure 19.2. The bands with the widest use are 
Bands 5 and 8, while most of the other bands have regional or more limited use. With the 
identification of bands down to 698 MHz for IMT use and the switchover from analog to 
digital TV broadcasting, Bands 12, 13, 14, and 17 are defined in the United States, Band 20 in 
Europe, and Bands 29 and 44 in Asia/Pacific for the digital dividend. 
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For release 12, 3GPP is defining one frequency arrangement for the 450 MHz band for 
Brazil. There is also work ongoing to specify a paired 2x10 MHz arrangement in the 2300- 
2400MHz band for the United States, called the Wireless Communications Service (WCS) 
Band. 


19.2 Flexible spectrum use 


Most of the frequency bands identified previously for deployment of LTE are existing IMT- 
2000 bands and some bands also have legacy systems deployed, including WCDMA/HSPA 
and GSM. Bands are also in some regions defined in a “technology neutral” manner, which 
means that coexistence between different technologies is a necessity. 

The fundamental LTE requirement to operate in different frequency bands [79] does not, 
in itself, impose any specific requirements on the radio-interface design. There are, however, 
implications for the RF requirements and how those are defined, in order to support the 
following: 


¢ Coexistence between operators in the same geographical area in the band. These other 
operators may deploy LTE or other IMT-2000 technologies, such as UMTS/HSPA or 
GSM/EDGE. There may also be non-IMT-2000 technologies. Such coexistence 
requirements are to a large extent developed within 3GPP, but there may also be regional 
requirements defined by regulatory bodies in some frequency bands. 

¢ Co-location of base station equipment between operators. There are in many cases 
limitations to where base-station equipment can be deployed. Often, sites must be shared 
between operators or an operator will deploy multiple technologies in one site. This puts 
additional requirements on both base-station receivers and transmitters. 

¢ Coexistence with services in adjacent frequency bands and across country borders. The 
use of the RF spectrum is regulated through complex international agreements, 
involving many interests. There will therefore be requirements for coordination between 
operators in different countries and for coexistence with services in adjacent 
frequency bands. Most of these are defined in different regulatory bodies. Sometimes 
the regulators request that 3GPP includes such coexistence limits in the 3GPP 
specifications. 

¢ Coexistence between operators of TDD systems in the same band is provided by inter- 
operator synchronization, in order to avoid interference between downlink and uplink 
transmissions of different operators. This means that all operators need to have the same 
downlink/uplink configurations and frame synchronization, not in itself an RF 
requirement, but it is implicitly assumed in the 3GPP specifications. RF requirements for 
unsynchronized systems become much stricter. 

¢ Release-independent frequency-band principles. Frequency bands are defined regionally 
and new bands are added continuously. This means that every new release of 3GPP 
specifications will have new bands added. Through the “release independence” principle, 
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it is possible to design terminals based on an early release of 3GPP specifications that 
support a frequency band added in a later release. 

¢ Aggregation of spectrum allocations. Operators of LTE systems have quite diverse 
spectrum allocations, which in many cases do not consist of a block that easily fits exactly 
one LTE carrier. The allocation may even be non-contiguous, consisting of multiple 
blocks spread out in a band. Many operators also have allocations in multiple bands to 
use for LTE deployment. For these scenarios, the LTE specifications support Carrier 
Aggregation, where multiple carriers in contiguous or non-contiguous blocks within a 
band, or in multiple bands, can be combined to create larger transmission bandwidths. 


19.3 Flexible channel bandwidth operation 


The frequency allocations in Figures 19.1 and 19.2 are up to 2 x 75 MHz, but the spectrum 
available for a single operator may be from 2 x 20 MHz down to 2 x 5 MHz for FDD and down 
to 1 x 5 MHz for TDD. Furthermore, the migration to LTE in frequency bands currently used 
for other radio-access technologies must often take place gradually to ensure that a sufficient 
amount of spectrum remains to support the existing users. Thus, the amount of spectrum that 
can initially be migrated to LTE can be relatively small, but may then gradually increase, as 
shown in Figure 19.3. The variation of possible spectrum scenarios implies a requirement for 
spectrum flexibility for LTE in terms of the transmission bandwidths supported. 
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Example of how LTE can be migrated step-by-step into a spectrum allocation with an original GSM 
deployment 
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The spectrum flexibility requirement points out the need for LTE to be scalable in the 
frequency domain. This flexibility requirement is stated in [10] as a list of LTE spectrum 
allocations from 1.25 to 20 MHz. Note that the final channel bandwidths selected differ 
slightly from this initial assumption. 

As shown in Chapter 9, the frequency-domain structure of LTE is based on resource blocks 
consisting of 12 subcarriers with a total bandwidth of 12 x 15 kHz = 180 kHz. The basic 
radio-access specification including the physical-layer and protocol specifications enables 
transmission bandwidth configurations from six up to 110 resource blocks on one LTE RF 
carrier. This allows for channel bandwidths ranging from 1.4 MHz up to beyond 20 MHz in 
steps of 180 kHz and is fundamental to providing the required spectrum flexibility. 

In order to limit implementation complexity, only a limited set of bandwidths are defined 
in the RF specifications. Based on the frequency bands available for LTE deployment today 
and in the future, as described above, and considering the known migration and deployment 
scenarios in those bands, a limited set of six channel bandwidths is specified. The RF re- 
quirements for the base station and terminal are defined only for those six channel band- 
widths. The channel bandwidths range from 1.4 to 20 MHz, as shown in Table 19.3. The 
lower bandwidths, 1.4 and 3 MHz, are chosen specifically to ease migration to LTE in 
spectrum where CDMA2000 is operated, and also to facilitate migration of GSM and 
TD-SCDMA to LTE. The specified bandwidths target relevant scenarios in different fre- 
quency bands. For this reason, the set of bandwidths available for a specific band is not 
necessarily the same as in other bands. At a later stage, if new frequency bands are made 
available that have other spectrum scenarios requiring additional channel bandwidths, the 
corresponding RF parameters and requirements can be added in the RF specifications, 
without actually having to update the physical-layer specifications. The process of adding 
new channel bandwidths would in this way be similar to adding new frequency bands. 

Figure 19.4 illustrates in principle the relationship between the channel bandwidth and the 
number of resource blocks Nez for one RF carrier. Note that for all channel bandwidths 
except 1.4 MHz, the resource blocks in the transmission bandwidth configuration fill up 90% 
of the channel bandwidth. The spectrum emissions shown in Figure 19.4 are for a pure OFDM 


Table 19.3 Channel Bandwidths Specified in LTE 


Channel Bandwidth Number of Resource 
(BWchannei) Blocks (Nes) 


1.4 MHz 6 
3 MHz 15 
5 MHz 25 

10 MHz 50 

15 MHz 75 

20 MHz 
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FIGURE 19.4 
The channel bandwidth for one RF carrier and the corresponding transmission bandwidth 
configuration 


signal, while the actual transmitted emissions will also depend on the transmitter RF chain 
and other components. The emissions outside the channel bandwidth are called unwanted 
emissions and the requirements for those are discussed further below. 


19.4 Carrier aggregation for LTE 


The possibility from 3GPP release 10 to aggregate two or more component carriers in order to 
support wider transmission bandwidths has several implications for the RF characteristics. 
The impact for the base station and terminal RF characteristics are also quite different. 
Release 10 has some restrictions on carrier aggregation in the RF specification, compared to 
what has been specified for physical layer and signaling, while in release 11 there is support 
for carrier-aggregation within and between a much larger number of bands. 

There is, from an RF point of view, a substantial difference between the two types of 
Carrier Aggregation (CA) defined for LTE (see also Section 7.3.1 for more details): 


¢ Intra-Band Carrier Aggregation implies that two or more carriers within the same 
operating band are aggregated (see also the first two examples in Figure 7.4). RF 
requirements are restricted in release 10 to contiguous intra-band aggregation and a 
maximum of two carriers, while non-contiguous carrier aggregation is possible in release 
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11. Since aggregated carriers from an RF perspective have similar RF properties as a 
corresponding wider carrier being transmitted and received, there are many implications 
for the RF requirements. This is especially true for the terminal. For the base station, 
it corresponds in practice to a multicarrier configuration (non-aggregated) already 
supported in earlier releases, which also means that the impact is less than for the 
terminal. For non-contiguous carrier aggregation, there is additional impact in terms of 
defining the requirements in the “gap” between aggregated sub-blocks (see Section 
19.4). 

¢ Inter-Band Carrier Aggregation implies that carriers in different operating bands are 
aggregated (see also the last example in Figure 7.4). Many RF properties within a band 
can, to a large extent, remain the same as for a single carrier case. There is, however, 
impact for the terminal, due to the possibility for intermodulation and cross-modulation 
within the terminal when multiple transmitter and/or receiver chains are operated 
simultaneously. For the base station it has very little impact, since in practice it 
corresponds to a base station supporting multiple bands. There is however additional BS 
impact, if the inter-band carrier aggregation is deployed with a multi-band base station 
(see Section 19.13). 


Intra-band carrier aggregation is limited to two component carriers in two paired bands 
(Band 1 and 7) and three unpaired bands (Bands 38, 40, and 41) in release 11. Inter-band 
carrier aggregation is specified for 21 different band combinations in release 11. There is 
also one band defined (Band 25) in which the terminal can operate with non-contiguous 
carrier aggregation. The band or set of bands over which carriers are aggregated is defined 
as a UE capability (the term UE, User Equipment, is used in 3GPP specifications instead of 
terminal). 

For intra-band carrier aggregation, the definitions of BWenanne) and Neg shown in 
Figure 19.4 still apply for each component carrier, while new definitions are needed for the 
Aggregated Channel Bandwidth (BWchannel_ca) and the Aggregated Transmission bandwidth 
Configuration (Npp.agg) shown in Figure 19.5. In connection with this, a new capability is 
defined for the terminal called Carrier Aggregation Bandwidth Class. There are six classes, 
where each class corresponds to a range for Nepagg and a maximum number of 
component carriers, as shown in Table 19.4. The classes corresponding to aggregation of 
more than two component carriers or consisting of more than 200 RBs are under study for 
later releases. 

The terminal capability E-UTRA CA Configuration [76] is defined as a combination of the 
operating band (or bands) in which the terminal can operate with carrier aggregation and a 
bandwidth class. For example, the terminal capability to operate with inter-band carrier ag- 
gregation in Bands 1 and 5 in Bandwidth Class A is called CA_1A_5A. For each E-UTRA 
CA configuration, one or more Bandwidth Combination Sets is defined, setting the channel 
bandwidths that can be used in each band, and what the maximum aggregated bandwidth is. 
A terminal can declare capability to support multiple bandwidth combination sets. 
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Definitions for Intra-band Carrier Aggregation RF parameters, example with two aggregated carriers 


Table 19.4 UE Carrier Aggregation Bandwidth Classes 


Channel Aggregation Aggregated Transmission Number of Component 
Bandwidth Classes BW Configuration Carriers 


<100 
<100 
101 to 200 
Under study (201 to 500) Under study 


A fundamental parameter for intra-band CA is the channel spacing. A tighter channel 
spacing than the nominal spacing for any two single carriers could potentially lead to an 
increase in spectral efficiency, since there would be a smaller unused “gap” between 
carriers. On the other hand, there is also a requirement for the possibility to support 
legacy single-carrier terminals of earlier releases. An additional complication is that 
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the component carriers should be on the same 15 kHz subcarrier raster in order to 
allow reception of multiple adjacent component carriers using a single FFT instead of an FFT 
per subcarrier.’ As discussed in Section 9.5, this property, together with the fact that the 
frequency numbering scheme is on a 100 kHz raster, results in the spacing between two 
component carriers having to be a multiple of 300 kHz, which is the least common de- 
nominator of 15 and 100 kHz. 

For the specification, RF requirements are based on a nominal channel spacing that is 
derived om the channel bandwidth of the two adjacent carriers BWchannei(1) 29d BWChannel(2) 
as follows: 


B Wchannel(1) +B Wchannel(2) =0.1/B Wchannel(1) =6 Wchannel(2) 
Fspacing,Nominal > 3 


2-03 
(19.1) 


In order to allow for a tighter packing of component carriers, the value of F spacing can 
be adjusted to any multiple of 300 kHz that is smaller than the nominal spacing, as long as the 
subcarriers do not overlap. 

RF requirements for LTE are normally defined relative to the channel bandwidth edges. 
For intra-band CA, this is generalized so that requirements are defined relative to the edges of 
the Aggregated Channel Bandwidth, identified in Figure 19.5 as Feagejow and Fedge,high: In 
this way many RF requirements can be reused, but with new reference points in the frequency 
domain. The aggregated channel bandwidth for both terminal and base station is defined as: 


BWchannel_CA = Fedge,high = Fedge,low (19.2) 


The location of the edges is defined relative to the carriers at the edges through a 
new parameter Foffser (See Figure 19.5) using the following relation to the carrier center 
positions Fc of the lowest and highest carriers: 


Fedge low = Flow — Foffset,low (19.3) 
Fedge,high = Fcnigh + Foffset,high (19.4) 


The value of Fogfset for the edge carriers and the corresponding location of the edges 
are, however, not defined in the same way for terminal and base station. 

For the base station, there are legacy scenarios where the base station receives and 
transmits adjacent independent carriers, supporting legacy terminals of earlier releases using 
single carriers. This scenario will also have to be supported for a configuration of aggregated 
carriers. In addition, for backward s-compatibility reasons, a fundamental parameter such as 
channel bandwidth and the corresponding reference points (the channel edge) for all RF 


'In case of independent frequency errors between component carriers, multiple FFTs and frequency-tracking 
functionality may be needed anyway. 
| ...| denotes the “floor” operator, which rounds the number down. 


aaa 


19.5 Operation in non-contiguous spectrum 445 


requirements will have to remain the same. The implication is that the channel edges shown in 
Figure 19.4 for each component carrier will also remain as reference points when the carriers 
are aggregated. This results in the following base station definition of Fo¢fset, for carrier 
aggregation, which is “inherited” from the single carrier scenario: 


BW. 
Fottset = — aa (for base station) (19.5) 


Unlike the base station, the terminal is not restricted by legacy operation, but rather from 
the nonlinear properties of the PA and the resulting unwanted emissions mask. At both edges 
of the aggregated channel bandwidth, a guard band BWggz will be needed, in order for the 
emissions to reach a level where the out-of-band emissions limits in terms of an emission 
mask are applied. Whether a single wide carrier or multiple aggregated carriers of the 
same or different sizes are transmitted, the guard band needed will have to be the same at 
both edges, since the emission mask roll-off is the same. A problem with the backwards- 
compatible base station definition is that the resulting guard BWgp is proportional to the 
channel BW and would therefore be different if carriers of different channel BW are 
aggregated. 

For this reason, a different definition is used for the terminal, based on a “symmetrical” 
guard band. For the edge carriers (low and high), Fogfset is half of the transmission bandwidth 
configuration, plus a symmetrical guard band BWcp: 

0.18 MHz -NRB 


Fotfset = a. an +BWop_ (for terminal) (19.6) 


where 0.18 MHz is the bandwidth of one resource block and BWgg is proportional to the 
channel BW of the largest component carrier. For the CA bandwidth classes defined in release 
11 and where the edge carriers have the same channel bandwidth, F ‘offset will be the same for 
terminals and base stations and BWchannel_CA Will be the same. 

It may look like an anomaly that the definitions may potentially lead to slightly different 
aggregated channel BW for the terminal and the base station, but this is in fact not a problem. 
Terminal and base-station requirements are defined separately and do not have to cover the 
same frequency ranges. The aggregated channel BW for both terminal and base station do, 
however, have to be within an operator’s license block in the operating band. 

Once the frequency reference point is set, the actual RF requirements are to a large extent 
the same as for a single carrier configuration. Which requirements are affected is explained 
for each requirement in the discussion later in this chapter. 


19.5 Operation in non-contiguous spectrum 


Some spectrum allocations used for LTE deployments consist of fragmented parts of spec- 
trum for different reasons. The spectrum may be recycled 2G spectrum, where the original 
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licensed spectrum was “interleaved” between operators. This was quite common for original 
GSM deployments for implementation reasons (the original combiner filters used were not 
easily tuned when spectrum allocations were expanded). In some regions, operators have also 
purchased spectrum licenses on auctions and have for different reasons ended up with 
multiple allocations in the same band that are not adjacent. 

For deployment of non-contiguous spectrum allocations there are a couple of implications: 


e If the full spectrum allocation in a band is to be operated with a single base station, the 
base station has to be capable of operation in non-contiguous spectrum. 

e Ifa larger transmission bandwidth is to be used than what is available in each of the 
spectrum fragments, both the terminal and the base station have to be capable of Intra- 
band non-contiguous carrier aggregation in that band. 


Note that the capability for the base station to operate in non-contiguous spectrum is not 
directly coupled to carrier aggregation as such. From an RF point-of-view, what will be 
required by the base stations is to receive and transmit carriers over an RF bandwidth that is 
split in two (or more) separate sub-blocks, with a sub-block gap in between as shown in 
Figure 19.6. The spectrum in the sub-block gap can be deployed by any other operator, which 
means that the RF requirements for the base station in the sub-block gap will be based on co- 
existence for un-coordinated operation. This has a few implications for some of the base 
station RF requirements within an operating band. 

If the non-contiguous spectrum is operated with carrier aggregation, the RF requirements 
for the base station will be fundamentally the same as in general for the non-contiguous 
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Example of non-contiguous spectrum operation, illustrating the definitions of RF bandwidth, sub- 
block and sub-block gap 
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Example of migration from GSM to LTE using an MSR base station for all migration phases 


spectrum. For the terminal however, there are additional implications and limitations to 
handle the simultaneously received carriers. 


19.6 Multi-standard radio base stations 


Traditionally the RF specifications have been developed separately for the different 3GPP 
radio-access technologies GSM/EDGE, UTRA, and E-UTRA (LTE). The rapid evolution of 
mobile radio and the need to deploy new technologies alongside the legacy deployments has, 
however, lead to implementation of different Radio-Access Technologies (RAT) at the same 
sites, often sharing antennas and other parts of the installation. A natural further step is to also 
share the base-station equipment between multiple RATs. This requires multi-RAT base 
stations. 

The evolution to multi-RAT base stations is also fostered by the evolution of technology. 
While multiple RATs have traditionally shared parts of the site installation, such as antennas, 
feeders, backhaul, or power, the advance of both digital baseband and RF technologies en- 
ables a much tighter integration. A base station consisting of two separate implementations of 
both baseband and RF, together with a passive combiner/splitter before the antenna, could in 
theory be considered a multi-RAT base station. 3GPP has, however, made a narrower but 
more forward-looking definition. 

In a Multi-Standard Radio (MSR) base station, both the receiver and the transmitter are 
capable of simultaneously processing multiple carriers of different RATs in common active 
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RF components. The reason for this stricter definition is that the true potential of multi-RAT 
base stations, and the challenge in terms of implementation complexity, comes from having a 
common RF. This principle is illustrated in Figure 19.7 with an example base station 
capable of both GSM/EDGE and LTE. Much of the GSM/EDGE and LTE baseband func- 
tionality may be separate in the base station, but is possibly implemented in the same 
hardware. The RF must, however, be implemented in the same active components as shown in 
the figure. 
The main advantages of an MSR base station implementation are twofold: 


¢ Migration between RATs in a deployment, for example from GSM/EDGE to LTE, is 
possible using the same base station hardware. In the example in Figure 19.7, a migration 
is performed in three phases using the same MSR base station. In the first phase, the base 
station is deployed in a network for GSM/EDGE-only operation. In the second phase, the 
operator migrates part of the spectrum to LTE. The same MSR base station will now 
operate one LTE carrier, but still supports the legacy GSM/EDGE users in half of the 
band available. In the third phase, when the GSM/EDGE users have migrated from the 
band, the operator can configure the MSR base station to LTE-only operation with double 
the channel bandwidth. 

e A single base station designed as an MSR base station can be deployed in various 
environments for single-RAT operation for each RAT supported, as well as for multi- 
RAT operation where that is required by the deployment scenario. This is also in line with 
the recent technology trends seen in the market, with fewer and more generic base- 
station designs. Having fewer varieties of base station is an advantage both for the base- 
station vendor and for the operator, since a single solution can be developed and 
implemented for a variety of scenarios. 


The single-RAT 3GPP radio-access standards, with requirements defined independently 
per RAT, do not support such migration scenarios with an implementation where common 
base-station RF hardware is shared between multiple access technologies, and hence a 
separate set of requirements for multi-standard radio equipment is needed. 

An implication of acommon RF for multiple RATs is that carriers are no longer received and 
transmitted independently of each other. For this reason, a common RF specification must be 
used to specify the MSR base station. From 3GPP release 9 there is a set of MSR base station 
specifications for the core RF requirements [80] and for test requirements [81]. Those speci- 
fications support GSM/EDGE,* UTRA and E-UTRA, and all combinations thereof. To sup- 
port all possible RAT combinations, the MSR specifications have many generic requirements 
applicable regardless of RAT combination, together with single-access-technology-specific 
requirements to secure the integrity of the systems in single-RAT operation. 

The MSR concept has a substantial impact for many requirements, while others remain 
completely unchanged. A fundamental concept introduced for MSR base stations is RF 


>The MSR specifications are not applicable to single-RAT operation of GSM/EDGE. 
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bandwidth, which is defined as the total bandwidth over the set of carriers transmitted and 
received. Many receiver and transmitter requirements for GSM/EDGE and UTRA are 
specified relative to the carrier center and for LTE in relation to the channel edges. For 
an MSR base station, they are instead specified relative to the RF bandwidth edges, in a 
way similar to carrier aggregation in release 10. In the same way as for carrier aggregation, a 
parameter F ogset iS also introduced to define the location of the RF bandwidth edges relative 
to the edge carriers. For GSM/EDGE carriers, Fogfset is set to 200 kHz, while it is 
in general half the channel bandwidth for UTRA and E-UTRA. By introducing the 
RF bandwidth concept and introducing generic limits, the requirements for 
MSR shift from being carrier centric towards being frequency block centric, thereby 
embracing technology neutrality by being independent of the access technology or opera- 
tional mode. 

While E-UTRA and UTRA carriers have quite similar RF properties in terms of bandwidth 
and power spectral density, GSM/EDGE carriers are quite different. The operating bands for 
which MSR base stations are defined are therefore divided into three Band Categories (BC): 


¢ BCI1—AII paired bands where UTRA FDD and E-UTRA FDD can be deployed. 

¢ BC2—AIl paired bands where in addition to UTRA FDD and E-UTRA FDD, GSM/ 
EDGE can also be deployed. 

¢ BC3—AIl unpaired bands where UTRA TDD and E-UTRA TDD can be deployed. 


Since the carriers of different RATs are not transmitted and received independently, it is 
necessary to perform parts of the testing with carriers of multiple RATs being activated. This 
is done through a set of multi-RAT Test Configurations defined in [81], specifically tailored to 
stress transmitter and receiver properties. These test configurations are of particular impor- 
tance for the unwanted emission requirements for the transmitter and for testing of the 
receiver susceptibility to interfering signals (blocking, etc.). An advantage of the multi-RAT 
test configurations is that the RF performance of multiple RATs can be tested simultaneously, 
thereby avoiding repetition of test cases for each RAT. This is of particular importance for the 
very time-consuming tests of requirements over the complete frequency range outside the 
operating band. 

The requirement with the largest impact from MSR is the spectrum mask, or the operating 
band unwanted emissions requirement. The spectrum mask requirement for MSR base sta- 
tions is applicable for multi-RAT operation where the carriers at the RF bandwidth edges are 
either GSM/EDGE, UTRA, or E-UTRA carriers of different channel bandwidths. The mask is 
generic and applicable to all cases and covers the complete operating band of the base station. 
There is an exception for the 150 kHz closest to the RF bandwidth edge, where the mask is 
aligned with the GSM/EDGE modulation spectrum for the case when a GSM/EDGE carrier 
or a 1.4/3 MHz E-UTRA carrier is transmitted adjacent to the edge. 

An important aspect of MSR is the declaration by the base station vendor of the supported 
RF bandwidth, power levels, multicarrier capability, etc. All testing is based on the capability 
of the base station through a declaration of the supported Capability Set (CS), which defines 
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Table 19.5 Capability Sets (CSx) Defined for MSR Base Stations and the Corresponding RAT 
Configurations 
Capability Set CSx 
Supported by a Base Applicable Band Supported RAT 
Station Categories Configurations 
CS1 BC1, BC2 or BC3 Single-RAT: UTRA 
CS2 BC1, BC2 or BC3 Single-RAT: UTRA 
CS3 BC1, BC2 or BC3 Single-RAT: UTRA or E-UTRA 
Multi-RAT: UTRA + E-UTRA 
CS4 BC2 Single-RAT: GSM or UTRA 
Multi-RAT: GSM + UTRA 
CS5 BC2 Single-RAT: GSM or E-UTRA 
Multi-RAT: GSM + E-UTRA 
CS6 BC2 Single-RAT: GSM, UTRA or 
E-UTRA 
Multi-RAT: GSM + UTRA, 
GSM + E-UTRA, 
UTRA + E-UTRA or 
GSM + UTRA + E-UTRA 


all supported single RATs and multi-RAT combinations. There are currently six capability 
sets CS1 to CS6 defined in the MSR test specification [81], allowing full flexibility for 
implementing and deploying base stations compliant to the MSR specification. These 
capability sets are listed in Table 19.5 together with the band categories where the capability 
set is applicable and the RAT configurations that are supported by the BS. Note the difference 
between the capability of a base station (as declared by the manufacturer) and the configu- 
ration in which a BS is operating. CS1 and CS2 define capabilities for base stations that are 
only single-RAT capable and make it possible to apply the MSR base station specification for 
such base stations, instead of the corresponding single-RAT UTRA or E-UTRA specifica- 
tions. There is no capability set defined for base stations that are only single-RAT GSM 
capable, since that is a type of BS that is solely covered by the single-RAT GSM/EDGE 
specifications. 

For a large part of the base station RF requirements, multi-RAT testing is not necessary 
and the actual test limits are unchanged for the MSR base station. In these cases, both the 
requirements and the test cases are simply incorporated through direct references to the 
corresponding single-RAT specifications. 

Carrier aggregation as described in Section 19.4 is also applicable to MSR base stations. 
Since the MSR specification has most of the concepts and definitions in place for defining 
multi-carrier RF requirements, whether aggregated or not, the differences for the MSR re- 
quirements compared to non-aggregated carriers are very minot. 
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19.7 Overview of RF requirements for LTE 


The RF requirements define the receiver and transmitter RF characteristics of a base station or 
terminal. The base station is the physical node that transmits and receives RF signals on one 
or more antenna connectors. Note that a base station is not the same thing as an eNodeB, 
which is the corresponding logical node in the LTE Radio-Access Network. The terminal is 
denoted UE in all RF specifications. 

The set of RF requirements defined for LTE is fundamentally the same as those defined for 
UTRA or any other radio system. Some requirements are also based on regulatory 
requirements and are more concerned with the frequency band of operation and/or the place 
where the system is deployed, than with the type of system. 

What is particular to LTE is the flexible bandwidth and the related multiple channel 
bandwidths of the system, which makes some requirements more complex to define. These 
properties have special implications for the transmitter requirements on unwanted emissions, 
where the definition of the limits in international regulation depends on the channel band- 
width. Such limits are harder to define for a system where the base station may operate with 
multiple channel bandwidths and where the terminal may vary its channel bandwidth of 
operation. The properties of the flexible OFDM-based physical layer also have implications 
for specifying the transmitter modulation quality and how to define the receiver selectivity 
and blocking requirements. 

The type of transmitter requirements defined for the terminal is very similar to what is 
defined for the base station, and the definitions of the requirements are often similar. The 
output power levels are, however, considerably lower for a terminal, while the restrictions on 
the terminal implementation are much higher. There is tight pressure on cost and complexity 
for all telecommunications equipment, but this is much more pronounced for terminals, due 
to the scale of the total market being close to two billion devices per year. In cases where there 
are differences in how requirements are defined between terminal and base station, they are 
treated separately in this chapter. 

The detailed background of the RF requirements for LTE is described in [82,83], with 
further details of the additional requirements in release 10 (for LTE-Advanced) in [84,85]. 
The RF requirements for the base station are specified in [86] and for the terminal in [76]. 
The RF requirements are divided into transmitter and receiver characteristics. There are 
also performance characteristics for base station and terminal that define the receiver 
baseband performance for all physical channels under different propagation conditions. 
These are not strictly RF requirements, though the performance will also depend on the RF to 
some extent. 

Each RF requirement has a corresponding test defined in the LTE test specifications for the 
base station [87] and the terminal [74]. These specifications define the test setup, test pro- 
cedure, test signals, test tolerances, etc. needed to show compliance with the RF and per- 
formance requirements. 


19.7.1 Transmitter characteristics 
The transmitter characteristics define RF requirements for the wanted signal transmitted 
from the terminal and base station, but also for the unavoidable unwanted emissions 
outside the transmitted carrier(s). The requirements are fundamentally specified in three 


parts: 
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¢ Output power level requirements set limits for the maximum allowed transmitted 
power, for the dynamic variation of the power level, and in some cases for the transmitter 


OFF state. 


¢ Transmitted signal quality requirements define the “purity” of the transmitted signal 


and also the relation between multiple transmitter branches. 


¢ Unwanted emissions requirements set limits to all emissions outside the transmitted 
carrier(s) and are tightly coupled to regulatory requirements and coexistence with other 


systems. 


A list of the terminal and base-station transmitter characteristics arranged according to the 
three parts defined above is shown in Table 19.6. A more detailed description of the re- 
quirements can be found later in this chapter. 


Output power level 


Transmitted signal quality 


Unwanted emissions 


Table 19.6 Overview of LTE Transmitter Characteristics 


Base Station 
Requirement 


Maximum output power 
Output power dynamics 
ON/OFF power (TDD only) 
Frequency error 

Error Vector Magnitude 
(EVM) 

Time alignment between 
transmitter branches 
Operating band unwanted 
emissions 

Adjacent Channel Leakage 
Ratio (ACLR and CACLR) 


Spurious emissions 
Occupied bandwidth 


Transmitter 
intermodulation 


Terminal Requirement 


Transmit power 

Output power dynamics 
Power control 
Frequency error 
Transmit modulation 
quality 

In-band emissions 


Spectrum emission mask 


Adjacent Channel 
Leakage Ratio (ACLR and 
CACLR) 


Spurious emissions 
Occupied bandwidth 
Transmit intermodulation 
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19.7.2 Receiver characteristics 


The set of receiver requirements for LTE is quite similar to what is defined for other systems 
such as UTRA, but many of them are defined differently, due to the flexible bandwidth 
properties. The receiver characteristics are fundamentally specified in three parts: 


¢ Sensitivity and dynamic range requirements for receiving the wanted signal. 

* Receiver susceptibility to interfering signals defines receivers’ susceptibility to 
different types of interfering signals at different frequency offsets. 

¢ Unwanted emissions limits are also defined for the receiver. 


A list of the terminal and base-station receiver characteristics arranged according to the 
three parts defined above is shown in Table 19.7. A more detailed description of each 
requirement can be found later in this chapter. 


19.7.3 Regional requirements 


There are a number of regional variations to the RF requirements and their application. 
The variations originate in different regional and local regulations of spectrum and its 
use. The most obvious regional variation is the different frequency bands and their use, as 
discussed above. Many of the regional RF requirements are also tied to specific frequency 
bands. 

When there is a regional requirement on, for example, spurious emissions, this require- 
ment should be reflected in the 3GPP specifications. For the base station it is entered as an 


Table 19.7 Overview of LTE Receiver Characteristics 


Base Station 


Requirement Terminal Requirement 


Sensitivity and dynamic Reference sensitivity Reference sensitivity 
range power level 

Dynamic range Maximum input level 
In-channel selectivity 
Out-of-band blocking Out-of-band blocking 


Spurious response 


Receiver susceptibility to 


interfering signals 


Unwanted emissions from 


the receiver 


In-band blocking 
Narrowband blocking 


Adjacent channel 
selectivity 


Receiver intermodulation 


Receiver spurious 
emissions 


In-band blocking 
Narrowband blocking 
Adjacent Channel 
Selectivity 
Intermodulation 
characteristics 


Receiver spurious 
emissions 
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optional requirement and is marked as “regional.” For the terminal, the same procedure is not 
possible, since a terminal may roam between different regions and will therefore have to 
fulfill all regional requirements that are tied to an operating band in the regions where the 
band is used. For LTE, this becomes more complex than for UTRA, since there is an addi- 
tional variation in the transmitter (and receiver) bandwidth used, making some regional re- 
quirements difficult to meet as a mandatory requirement. The concept of network signaling of 
RF requirements is therefore introduced for LTE, where a terminal can be informed at call 
setup of whether some specific RF requirements apply when the terminal is connected to a 
network. 


19.7.4 Band-specific terminal requirements through network signaling 


For the terminal, the channel bandwidths supported are a function of the LTE operating 
band, and also have a relation to the transmitter and receiver RF requirements. The 
reason is that some RF requirements may be difficult to meet under conditions with a 
combination of maximum power and high number of transmitted and/or received resource 
blocks. 

Some additional RF requirements apply for the terminal when a specific Network 
Signaling Value (NS_x) is signaled to the terminal as part of the cell handover or broadcast 
message. For implementation reasons, these requirements are associated with restrictions and 
variations to RF parameters such as terminal output power, maximum channel bandwidth, 
and number of transmitted resource blocks. The variations of the requirements are defined 
together with the Network Signaling Value (NS_x) in the terminal RF specification [76], 
where each value corresponds to a specific condition. The default value for all bands is 
NS_0O1. All NS_x values are connected to an allowed power reduction called Additional 
Maximum Power Reduction (A-MPR) and apply for transmission using a certain minimum 
number of resource blocks, depending also on the channel bandwidth. The following are 
examples of terminal requirements that have a related Network Signaling Value for some 
bands: 


« NS_03, NS_04, or NS_06 is signaled when specific FCC requirements [88] on terminal 
unwanted emissions apply for operation in a number of US bands. 

¢ NS_05 is signaled for protection of the PHS band in Japan when a terminal operates in 
the 2 GHz band (Band 1). 


In some bands the NS_x signaling is also applied for testing of receiver sensitivity, since 
the active transmitted signal can affect the receiver performance. 

There are also additional RF requirements and restrictions that may apply in case of LTE 
carrier aggregation in the uplink. These can be signaled to a terminal configured 
for carrier aggregation using specific CA network signaling values CA_NS_x and 
will in this case replace the usual network signaling values NS_x and their related 
requirements. 
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19.7.5 Base-station classes 


In the base-station specifications, there is one set of RF requirements that is generic, 
applicable to what is called “general purpose” base stations. This is the original set of 
LTE requirements developed in 3GPP release 8. It has no restrictions on base-station 
output power and can be used for any deployment scenario. When the RF 
requirements were derived, however, the scenarios used were macro scenarios [89]. For 
this reason, in release 9 additional base-station classes were introduced that were intended 
for pico-cell and femto-cell scenarios. An additional class for micro-cell scenarios was 
added in release 11, together with base station classes applicable for multi-standard base 
stations. It is also clarified that the original set of “general purpose” RF parameters are 
applicable for macro-cell scenarios. The terms macro, micro, pico, and femto are not used in 
3GPP to identify the base-station classes; instead the following terminology is used: 


* Wide Area base stations. This type of base station is intended for macro-cell scenarios, 
defined with a minimum coupling loss between base station and terminal of 70 dB. 

¢ Medium Range base stations. This type of base station is intended for micro-cell 
scenarios, defined with a minimum coupling loss between base station and terminal of 53 
dB. Typical deployments are outdoor below-rooftop installations, giving both outdoor 
hotspot coverage and outdoor-to-indoor coverage through walls. 

¢ Local Area base stations. This type of base station is intended for pico-cell scenarios, 
defined with a minimum coupling loss between base station and terminal of 45 dB. 
Typical deployments are indoor offices and indoor/outdoor hotspots, with the BS 
mounted on walls or ceilings. 

¢ Home base stations. This type of base station is intended for femto-cell scenarios, which 
are not explicitly defined. Minimum coupling loss between base station and terminal of 
45 dB is also assumed here. Home base stations can be used both for open access and in 
closed subscriber groups. 


The Local Area, Medium Range and Home base station classes have modifications to a 
number of requirements compared to Wide Area base stations, mainly due to the assumption 
of a lower minimum coupling loss: 


e Maximum base station power is limited to 38 dBm output power for Medium Range base 
stations, 24 dBm output power for Local Area base stations, and to 20 dBm for Home 
base stations. This power is defined per antenna and carrier, except for Home base 
stations, where the power over all antennas (up to four) is counted. There is no maximum 
base station power defined for Wide Area base stations. 

¢ Home base stations have an additional requirement for protecting systems operating on 
adjacent channels. The reason is that a terminal connected to a base station belonging to 
another operator on the adjacent channel may be in close proximity to the Home base 
station. To avoid an interference situation where the adjacent terminal is blocked, the 
Home base station must make measurements on the adjacent channel to detect adjacent 
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base-station operations. If an adjacent base-station transmission (UTRA or LTE) is 
detected under certain conditions, the maximum allowed Home base-station output 
power is reduced in proportion to how weak the adjacent base-station signal is, in order to 
avoid interference to the adjacent base station. 

e The spectrum mask (operating band unwanted emissions) has lower limits for Medium 
Range, Local Area, and Home base stations, in line with the lower maximum power levels. 

¢ Unwanted emission limits for protecting Home base-station operation (from other Home 
base stations) are lower, since a stricter through-the-wall indoor interference scenario is 
assumed. Limits for co-location for Medium Range and Local Area are, however, less 
strict, corresponding to the relaxed reference sensitivity for the base station. 

¢ Receiver reference sensitivity limits are higher (more relaxed) for Medium Range, Local 
Area and Home base stations. Receiver dynamic range and in-channel selectivity are also 
adjusted accordingly. 

e All Medium Range, Local Area, and Home base-station limits for receiver susceptibility 
to interfering signals are adjusted to take the higher receiver sensitivity limit and the 
lower assumed minimum coupling loss (base station-to-terminal) into account. 


19.8 Output power level requirements 


19.8.1 Base-station output power and dynamic range 


There is no general maximum output power requirement for base stations. As mentioned in 
the discussion of base-station classes above, there is, however, a maximum output power limit 
of 38 dBm for Medium Range base stations, 24 dBm for Local Area base stations, and 20 
dBm for Home base stations. In addition to this there is a tolerance specified, defining how 
much the actual maximum power may deviate from the power level declared by the 
manufacturer. 

The base station also has a specification of the total power control dynamic range for a 
resource element, defining the power range over which it should be possible to configure. 
There is also a dynamic range requirement for the total base-station power. 

For TDD operation, a power mask is defined for the base-station output power, defining 
the Off power level during the uplink subframes and the maximum time for the transmitter 
transient period between the transmitter On and Off states. 


19.8.2 Terminal output power and dynamic range 
The terminal output power level is defined in three steps: 
¢ UE power class defines a nominal maximum output power for QPSK modulation. It may 


be different in different operating bands, but the main terminal power class is today set at 
23 dBm for all bands. 
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¢ Maximum Power Reduction (MPR) defines an allowed reduction of maximum power 
level for certain combinations of modulation used and the number of resource blocks that 
are assigned. 

¢ Additional Maximum Power Reduction (A-MPR) may be applied in some regions and is 
usually connected to specific transmitter requirements such as regional emission limits 
and to certain carrier configurations. For each such set of requirements there is an 
associated network signaling value NS_x that identifies the allowed A-MPR and the 
associated conditions, as explained in section 19.7.4. 


The terminal has a definition of the transmitter Off power level, applicable to 
conditions when the terminal is not allowed to transmit. There is also a general On/Off 
time mask specified, plus specific time masks for PRACH, SRS, subframe boundary, and 
PUCCH/PUSCH/SRS. 

The terminal transmit power control is specified through requirements for the absolute 
power tolerance for the initial power setting, the relative power tolerance between two 
subframes, and the aggregated power tolerance for a sequence of power-control commands. 


19.9 Transmitted signal quality 


The requirements for transmitted signal quality specify how much the transmitted base station 
or terminal signal deviates from an “ideal” modulated signal in the signal and the frequency 
domains. Impairments on the transmitted signal are introduced by the transmitter RF parts, 
with the nonlinear properties of the power amplifier being a major contributor. The signal 
quality is assessed for base station and terminal through requirements on EVM and frequency 
error. An additional terminal requirement is UE in-band emissions. 


19.9.1 EVM and frequency error 


While the theoretical definitions of the signal quality measures are quite straightforward, the 
actual assessment is a very elaborate procedure, described in great detail in the 3GPP 
specification. The reason is that it becomes a multidimensional optimization problem, where 
the best match for the timing, the frequency, and the signal constellation is found. 

The Error Vector Magnitude (EVM) is a measure of the error in the modulated signal 
constellation, taken as the root mean square of the error vectors over the active subcarriers, 
considering all symbols of the modulation scheme. It is expressed as a percentage value in 
relation to the power of the ideal signal. The EVM fundamentally defines the maximum SINR 
that can be achieved at the receiver, if there are no additional impairments to the signal 
between transmitter and receiver. 

Since a receiver can remove some impairments of the transmitted signal, such as time 
dispersion, the EVM is assessed after cyclic prefix removal and equalization. In this way, the 
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EVM evaluation includes a standardized model of the receiver. The frequency offset resulting 
from the EVM evaluation is averaged and used as a measure of the frequency error of the 
transmitted signal. 


19.9.2 Terminal in-band emissions 


In-band emissions are emissions within the channel bandwidth. The requirement limits how 
much a terminal can transmit into non-allocated resource blocks within the channel band- 
width. Unlike the out-of-band emissions, the in-band emissions are measured after cyclic 
prefix removal and FFT, since this is how a terminal transmitter affects a real base-station 
receiver. 


19.9.3 Base-station time alignment 


Several LTE features require the base station to transmit from two or more antennas, such as 
transmitter diversity and MIMO. For carrier aggregation, the carriers may also be transmitted 
from different antennas. In order for the terminal to properly receive the signals from multiple 
antennas, the timing relation between any two transmitter branches is specified in terms of a 
maximum time alignment error between transmitter branches. The maximum allowed error 
depends on the feature or combination of features in the transmitter branches. 


19.10 Unwanted emissions requirements 


Unwanted emissions from the transmitter are divided into out-of-band (OOB) emissions and 
spurious emissions in ITU-R recommendations [90]. OOB emissions are defined as emissions 
on a frequency close to the RF carrier, which results from the modulation process. Spurious 
emissions are emissions outside the RF carrier that may be reduced without affecting the 
corresponding transmission of information. Examples of spurious emissions are harmonic 
emissions, intermodulation products, and frequency conversion products. The frequency 
range where OOB emissions are normally defined is called the OOB domain, whereas 
spurious emissions limits are normally defined in the spurious domain. 

ITU-R also defines the boundary between the OOB and spurious domains at a frequency 
separation from the carrier center of 2.5 times the necessary bandwidth, which corresponds to 
2.5 times the channel bandwidth for LTE. This division of the requirements is easily applied 
for systems that have a fixed channel bandwidth. It does, however, become more difficult 
for LTE, which is a flexible bandwidth system, implying that the frequency range where 
requirements apply would then vary with the channel bandwidth. The approach taken for 
defining the boundary in 3GPP is slightly different for base-station and terminal requirements. 

With the recommended boundary between OOB emissions and spurious emissions set at 
2.5 times the channel bandwidth, third- and fifth-order intermodulation products from the 
carrier will fall inside the OOB domain, which will cover a frequency range of twice the 
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channel bandwidth on each side of the carrier. For the OOB domain, two overlapping re- 
quirements are defined for both base station and terminal: Spectrum Emission Mask (SEM) and 
Adjacent Channel Leakage Ratio (ACLR). The details of these are further explained ahead. 


19.10.1 Implementation aspects 


As shown in Chapter 3, the spectrum of an OFDM signal decays rather slowly outside of the 
transmission bandwidth configuration. Since the transmitted signal for LTE occupies 90% of 
the channel bandwidth, it is not possible to directly meet the unwanted emission limits 
directly outside the channel bandwidth with a “pure” OFDM signal. The techniques used for 
achieving the transmitter requirements are, however, not specified or mandated in LTE 
specifications. Time-domain windowing is one method commonly used in OFDM-based 
transmission systems to control spectrum emissions. Filtering is always used—both time- 
domain digital filtering of the baseband signal and analog filtering of the RF signal. 

The nonlinear characteristics of the Power Amplifier (PA) used to amplify the RF signal must 
also be taken into account, since it is the source of intermodulation products outside the channel 
bandwidth. Power back-off to give a more linear operation of the PA can be used, but at the cost 
of a lower power efficiency. The power back-off should therefore be kept to a minimum. For 
this reason, additional linearization schemes can be employed. These are especially important 
for the base station, where there are fewer restrictions on implementation complexity and use of 
advanced linearization schemes is an essential part of controlling spectrum emissions. Exam- 
ples of such techniques are feed-forward, feedback, predistortion, and postdistortion. 


19.10.2 Spectrum emission mask 


The spectrum emission mask defines the permissible out-of-band spectrum emissions outside 
the necessary bandwidth. As explained above, how to take the flexible channel bandwidth into 
account when defining the frequency boundary between OOB emissions and spurious 
emissions is done differently for the LTE base station and terminal. Consequently, the 
spectrum emission masks are also based on different principles. 


19.10.2.1 Base-station operating band unwanted emission limits 

For the LTE base station, the problem of the implicit variation of the boundary between OOB 
and spurious domain with the varying channel bandwidths is handled by not defining an 
explicit boundary. The solution is a unified concept of operating band unwanted emissions 
(UEM) for the LTE base station instead of the spectrum mask usually defined for OOB 
emissions. The operating band unwanted emissions requirement applies over the whole base 
station transmitter operating band, plus an additional 10 MHz on each side, as shown in 
Figure 19.8. All requirements outside of that range are set by the regulatory spurious emission 
limits, based on the ITU-R recommendations [90]. As seen in the figure, a large part of the 
operating band unwanted emissions are defined over a frequency range that for smaller 
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Frequency ranges for Operating band unwanted emissions and Spurious emissions applicable to LTE 
base station 


channel bandwidths can be both in spurious and OOB domains. This means that the limits for 
the frequency ranges that may be in the spurious domain also have to align with the regulatory 
limits from the ITU-R. The shape of the mask is generic for all channel bandwidths from 5 to 
20 MHz, with a mask that consequently has to align with the ITU-R limits starting 10 MHz 
from the channel edges. Special masks are defined for the smaller 1.4 and 3 MHz channel 
bandwidths. The operating band unwanted emissions are defined with a 100 kHz measure- 
ment bandwidth. 

In case of carrier aggregation for a base station, the UEM requirements (as other RF re- 
quirements) apply as for any multicarrier transmission, where the UEM will be defined 
relative to the carriers on the edges of the RF bandwidth. In case of non-contiguous carrier 
aggregation, the UEM within a sub-block gap is partly calculated as the cumulative sum of 
contributions from each sub-lock. 

There are also special limits defined to meet a specific regulation set by the FCC [88] for 
the operating bands used in the USA and by the ECC for some European bands. These are 
specified as separate limits in addition to the operating band unwanted emission limits. 


19.10.2.2 Terminal spectrum emission mask 

For implementation reasons, it is not possible to define a generic terminal spectrum mask that 
does not vary with the channel bandwidth, so the frequency ranges for OOB limits and 
spurious emissions limits do not follow the same principle as for the base station. The SEM 
extends out to a separation Afoog from the channel edges, as illustrated in Figure 19.9. For 5 
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Frequency ranges for Spectrum emissions mask and Spurious emissions applicable to LTE terminal 


MHz channel bandwidth, this point corresponds to 250% of the necessary bandwidth as 
recommended by the ITU-R, but for higher channel bandwidths it is set closer than 250%. 

The SEM is defined as a general mask and a set of additional masks that can be applied to 
reflect different regional requirements. Each additional regional mask is associated with a 
specific network signaling value NS_x. 


19.10.3 Adjacent channel leakage ratio 


In addition to a spectrum emissions mask, the OOB emissions are defined by an Adjacent 
Channel Leakage Ratio (ACLR) requirement. The ACLR concept is very useful for analysis 
of coexistence between two systems that operate on adjacent frequencies. The ACLR defines 
the ratio of the power transmitted within the assigned channel bandwidth to the power of the 
unwanted emissions transmitted on an adjacent channel. There is a corresponding receiver 
requirement called Adjacent Channel Selectivity (ACS), which defines a receiver’s ability to 
suppress a signal on an adjacent channel. 

The definitions of ACLR and ACS are illustrated in Figure 19.10 for a wanted and an 
interfering signal received in adjacent channels. The interfering signal’s leakage of unwanted 
emissions at the wanted signal receiver is given by the ACLR and the ability of the receiver of 
the wanted signal to suppress the interfering signal in the adjacent channel is defined by the 
ACS. The two parameters when combined define the total leakage between two transmissions 
on adjacent channels. That ratio is called the Adjacent Channel Interference Ratio (ACIR) 
and is defined as the ratio of the power transmitted on one channel to the total interference 
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Illustration of ACLR and ACS, with example characteristics for an “aggressor” interferer and a receiver 
for a “victim” wanted signal 


received by a receiver on the adjacent channel, due to both transmitter (ACLR) and receiver 
(ACS) imperfections. 
This relation between the adjacent channel parameters is [91]: 


1 


ACLR ' ACS 
ACLR and ACS can be defined with different channel bandwidths for the two adjacent 
channels, which is the case for some requirements set for LTE due to the bandwidth 
flexibility. The equation above will also apply for different channel bandwidths, but only 
if the same two channel bandwidths are used for defining all three parameters ACIR, ACLR, 
and ACS used in the equation. 
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The ACLR limits for LTE terminal and base station are derived based on extensive 
analysis [89] of LTE coexistence with LTE or other systems on adjacent carriers. 

The LTE base-station requirements on ACLR and operating band unwanted emissions 
both cover the OOB domain, but the operating band unwanted emission limits are in general 
set slightly more relaxed compared to the ACLR, since they are defined in a much narrower 
measurement bandwidth of 100 kHz. This allows for some variations in the unwanted 
emissions due to intermodulation products from varying power allocation between resource 
blocks within the channel. For an LTE base station, there are ACLR requirements both for an 
adjacent channel with a UTRA receiver and with an LTE receiver of the same channel 
bandwidth. 

In case of carrier aggregation for a base station, the ACLR (as other RF requirements) 
apply as for any multicarrier transmission, where the ACLR requirement will be defined for 
the carriers on the edges of the RF bandwidth. In case of non-contiguous carrier aggregation 
where the sub-block gap is so small that the ACLR requirements at the edges of the gap will 
“overlap,” a special Cumulative ACLR requirement (CACLR) is defined for the gap. For 
CACLR, contributions from carriers on both sides of the sub-block gap are accounted for in 
the CACLR limit. 

ACLR limits for the terminal are set both with assumed UTRA and LTE receivers on the 
adjacent channel. As for the base station, the limits are also set stricter than the corresponding 
SEM, thereby accounting for variations in the spectrum emissions resulting from variations in 
resource-block allocations. In case of carrier aggregation, the terminal ACLR requirement 
applies to the aggregated channel bandwidth instead of per carrier. 


19.10.4 Spurious emissions 


The limits for base station spurious emissions are taken from international recommendations 
[90], but are only defined in the region outside the frequency range of operating band un- 
wanted emissions limits as illustrated in Figure 19.8—that is, at frequencies that are separated 
from the base-station transmitter operating band by at least 10 MHz. There are also additional 
regional or optional limits for protection of other systems that LTE may coexist with or even 
be co-located with. Examples of other systems considered in those additional spurious 
emissions requirements are GSM, UTRA FDD/TDD, CDMA2000, and PHS. 

Terminal spurious emission limits are defined for all frequency ranges outside the fre- 
quency range covered by the SEM. The limits are generally based on international regulations 
[90], but there are also additional requirements for coexistence with other bands when the 
mobile is roaming. The additional spurious emission limits can have an associated network 
signaling value. 

In addition, there are base-station and terminal emission limits defined for the receiver. 
Since receiver emissions are dominated by the transmitted signal, the receiver spurious 
emission limits are only applicable when the transmitter is Off, and also when the transmitter 
is On for an LTE FDD base station that has a separate receiver antenna connector. 
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19.10.5 Occupied bandwidth 


Occupied bandwidth is a regulatory requirement that is specified for equipment in some 
regions, such as Japan and the USA. It is originally defined by the ITU-R as a maximum 
bandwidth, outside of which emissions do not exceed a certain percentage of the total 
emissions. The occupied bandwidth is for LTE equal to the channel bandwidth, outside of 
which a maximum of 1% of the emissions are allowed (0.5% on each side). 

In the case of carrier aggregation, the occupied bandwidth is equal to the aggregated 
channel bandwidth. For non-contiguous carrier aggregation, the occupied bandwidth applies 
per sub-block. 


19.10.6 Transmitter intermodulation 


An additional implementation aspect of an RF transmitter is the possibility of intermodulation 
between the transmitted signal and another strong signal transmitted in the proximity of the base 
station or terminal. For this reason there is a requirement for transmitter intermodulation. 

For the base station, the requirement is based on a stationary scenario with a co-located 
other base-station transmitter, with its transmitted signal appearing at the antenna 
connector of the base station being specified, but attenuated by 30 dB. Since it is a stationary 
scenario, there are no additional unwanted emissions allowed, implying that all unwanted 
emission limits also have to be met with the interferer present. 

For the terminal, there is a similar requirement based on a scenario with another terminal 
transmitted signal appearing at the antenna connector of the terminal being specified, but 
attenuated by 40 dB. The requirement specifies the minimum attenuation of the resulting 
intermodulation product below the transmitted signal. 


19.11 Sensitivity and dynamic range 


The primary purpose of the reference sensitivity requirement is to verify the receiver Noise 
Figure, which is a measure of how much the receiver’s RF signal chain degrades the SNR of 
the received signal. For this reason, a low-SNR transmission scheme using QPSK is chosen as 
reference channel for the reference sensitivity test. The reference sensitivity is defined at a 
receiver input level where the throughput is 95% of the maximum throughput for the refer- 
ence channel. 

For the base station, reference sensitivity could potentially be defined for a single resource 
block up to a group covering all resource blocks. For reasons of complexity, a maximum 
granularity of 25 resource blocks has been chosen. This means that for channel bandwidths 
larger than 5 MHz, sensitivity is verified over multiple adjacent 5 MHz blocks, while it is only 
defined over the full channel for smaller channel bandwidths. 

For the terminal, reference sensitivity is defined for the full channel bandwidth signals and 
with all resource blocks allocated for the wanted signal. For the higher channel bandwidths (>5 
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MHz) in some operating bands, the nominal reference sensitivity needs to be met with a min- 
imum number of allocated resource blocks. For larger allocation, a certain relaxation is allowed. 

The intention of the dynamic range requirement is to ensure that the receiver can also 
operate at received signal levels considerably higher than the reference sensitivity. The 
scenario assumed for base-station dynamic range is the presence of increased interference and 
corresponding higher wanted signal levels, thereby testing the effects of different receiver 
impairments. In order to stress the receiver, a higher SNR transmission scheme using 16QAM 
is applied for the test. In order to further stress the receiver to higher signal levels, an 
interfering AWGN signal at a level 20 dB above the assumed noise floor is added to the 
received signal. The dynamic range requirement for the terminal is specified as a maximum 
signal level at which the throughput requirement is met. 


19.12 Receiver susceptibility to interfering signals 


There is a set of requirements for base station and terminal, defining the receiver’s ability to 
receive a wanted signal in the presence of a stronger interfering signal. The reason for the 
multiple requirements is that, depending on the frequency offset of the interferer from the 
wanted signal, the interference scenario may look very different and different types of 
receiver impairments will affect the performance. The intention of the different combinations 
of interfering signals is to model as far as possible the range of scenarios with interfering 
signals of different bandwidths that may be encountered inside and outside the base-station 
and terminal receiver operating band. 

While the types of requirements are very similar between base station and terminal, the 
signal levels are different, since the interference scenarios for the base station and terminal are 
very different. There is also no terminal requirement corresponding to the base-station Jn- 
Channel Selectivity (ICS) requirement. 

The following requirements are defined for LTE base station and terminal, starting from 
interferers with large frequency separation and going close in (see Figure 19.11). In all cases 
where the interfering signal is an LTE signal it has the same bandwidth as the wanted signal, 
but at most 5 MHz. 


¢ Blocking. This corresponds to the scenario with strong interfering signals received 

outside the operating band (out-of-band blocking) or inside the operating band (in-band 
blocking), but not adjacent to the wanted signal. In-band blocking includes interferers in 
the first 20 MHz outside the operating band for the base station and the first 15 MHz for 
the terminal. The scenarios are modeled with a Continuous Wave (CW) signal for the out- 
of-band case and an LTE signal for the in-band case. There are additional (optional) 

base-station blocking requirements for the scenario when the base station is co-located 
with another base station in a different operating band. For the terminal, a fixed number 
of exceptions are allowed from the out-of-band blocking requirement for each assigned 
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Base-station and terminal requirements for receiver susceptibility to interfering signals in terms of 
blocking, ACS, narrowband blocking, and in-channel selectivity (BS only) 


frequency channel and at the respective spurious response frequencies. At those 
frequencies, the terminal must comply with the more relaxed spurious response 
requirement. 

e Adjacent channel selectivity. The ACS scenario is a strong signal in the channel adjacent 
to the wanted signal and is closely related to the corresponding ACLR requirement (see 
the discussion in Section 19.10.3). The adjacent interferer is an LTE signal. For the 
terminal, the ACS is specified for two cases with a lower and a higher signal level. For 
MSR base stations, there is no specific ACS requirement defined. It is instead replaced by 
the narrowband blocking requirement, which covers the adjacent channel properties 
fully. 

¢ Narrowband blocking. The scenario is an adjacent strong narrowband interferer, which in 
the requirement is modeled as a single resource block LTE signal for the base station and 
a CW signal for the terminal. 

¢ In-channel selectivity (ICS). The scenario is multiple received signals of different 
received power levels inside the channel bandwidth, where the performance of the 
weaker “wanted” signal is verified in the presence of the stronger “interfering” signal. 
ICS is only specified for the base station. 

¢ Receiver intermodulation. The scenario is two interfering signals near to the wanted 
signal, where the interferers are one CW and one LTE signal (not shown in Figure 19.11). 
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The purpose of the requirement is to test receiver linearity. The interferers are placed in 
frequency in such a way that the main intermodulation product falls inside the wanted 
signal’s channel bandwidth. There is also a narrowband intermodulation requirement for 
the base station where the CW signal is very close to the wanted signal and the LTE 
interferer is a single RB signal. 


For all requirements except in-channel selectivity, the wanted signal uses the same 
reference channel as in the corresponding reference sensitivity requirement. With the inter- 
ference added, the same 95% relative throughput is met as for the reference sensitvity but at a 
“desensitized” higher wanted signal level. 


19.13 Multi-band-capable base stations 


The 3GPP specifications have been continuously developed to support larger RF band- 
widths for transmission and reception through multicarrier and multi-RAT operation and 
carrier aggregation over contiguous and non-contiguous spectrum allocations. This has been 
made possible with the evolution of RF technology supporting larger bandwidths for both 
transmitters and receivers. The next step in RF technology for base stations is to support 
simultaneous transmission and/or reception in multiple bands through a common radio. 
A multi-band base station could cover multiple bands over a frequency range of a few 
hundred MHz. 

The RF requirements for such multi-band-capable base stations are defined in 3GPP 
release 11. The specification supports multi-band operation both with a single RAT and with 
multiple RATs, also called Multi-Band Multi-Standard Radio (MB-MSR) base stations. The 
specifications cover all combinations of RATs, except pure single-RAT GSM operation across 
the supported bands. 

There are several scenarios envisioned for multi-band base station implementation and 
deployment. The possibilities for the multi-band capability are: 


¢ Miulti-band transmitter + multi-band receiver 
¢ Multi-band transmitter + single-band receiver 
¢ Single-band transmitter + multi-band receiver 


The first case is demonstrated in Figure 19.12, which shows an example base station with a 
common RF implementation of both transmitter and receiver for two operating bands X and 
Y. Through a duplex filter, the transmitter and receiver are connected to a common antenna 
connector and a common antenna. The example is also a multi-RAT capable MB-MSR base 
station, with LTE+GSM configured in Band X and LTE configured in Band Y. Note that the 
figure has only one diagram showing the frequency range for the two bands, which could 
either be the receiver or transmitter frequencies. 
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Example of multi-band base station with multi-band transmitter and receiver for two bands with one 
common antenna connector 


Figure 19.12 also illustrates some new parameters that are defined for multi-band base 
stations. 


¢ RF bandwidth has the same definition as for a multi-standard base station, but is defined 
individually for each band. 

¢ Inter-RF-bandwidth gap is the gap between the RF bandwidths in the two bands. Note 
that the inter-RF-bandwidth gap may span a frequency range where other mobile 
operators can be deployed in bands X and Y, as well as a frequency range between the 
two bands that may be used for other services. 

¢ Total RF bandwidth is the full bandwidth supported by the base station to cover the 
multiple carriers in both bands. 


In principle, a multi-band base station can be capable of operating in more than two bands. 
However, the requirements and testing developed for the new type of base stations in 3GPP 
release 11 will in general only cover a two-band capability. 

While having only a single antenna connector and a common feeder that connects to a 
common antenna is desirable to reduce the amount of equipment needed in a site, it is not 
always possible. It may also be desirable to have separate antenna connectors, feeders, and 
antennas for each band. An example of a multi-band base station with separate connectors for 
two operating bands X and Y is shown in Figure 19.13. Note that while the antenna con- 
nectors are separate for the two bands, the RF implementation for transmitter and receiver are 
in this case common for the bands. The RF for the two bands is separated into individual paths 
for Band X and Band Y before the antenna connectors through a filter. As for multi-band base 
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Multi-band base station with multi-band transmitter and receiver for two bands with separate antenna 
connectors for each band 


stations with a common antenna connector for the bands, it is also possible to have either the 
transmitter or receiver be a single-band implementation, while the other is multi-band. 

Further possibilities are base station implementations with separate antenna connectors for 
receiver and transmitter, in order to give better isolation between the receiver and transmitter 
paths. This may be desirable for a multi-band base station, considering the large total RF 
bandwidths which will in fact also overlap between receiver and transmitter. 

For a multi-band base station, with a possible capability to operate with multiple RATs and 
several alternative implementations with common or separate antenna connectors for the 
bands and/or for the transmitter and receiver, the declaration of the base station capability 
becomes quite complex. What requirements will apply to such a base station and how they are 
tested will also depend on these declared capabilities. 

Most RF requirements for a multi-band base station remain the same as for a single-band 
implementation. There are however some notable exceptions: 


¢ Transmitter spurious emissions: For LTE base stations, the requirements exclude 
frequencies in the operating band plus an additional 10 MHz on each side of the 
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operating band, since this frequency range is covered by the UEM limits. For a multi- 
band base station, the exclusion applies to both operating bands (plus 1OMHz on each 
side), and only the UEM limits apply in those frequency ranges. This is called “joint 
exclusion band.” 

¢ Operating band unwanted emissions mask (UEM): For multi-band operation, when 
the inter-RF-bandwidth gap is less than 20 MHz, the UEM limit applies as a cumulative 
limit with contributions counted from both bands, in a way similar to operation in non- 
contiguous spectrum. 

¢ ACLR: For multi-band operation, when the inter-RF-bandwidth gap is less than 20 MHz, 
the Cumulative ACLR (CACLR) will apply with contributions counted from both bands, 
in a way similar to operation in non-contiguous spectrum. 

¢ Transmitter intermodulation: For a multi-band base station, when the inter- 
RF-bandwidth gap is less than 15 MHz, the requirement only applies for the case when 
the interfering signals fit within the gap. 

¢ Blocking requirement: For multi-band base stations, the in-band blocking limits apply 
for the in-band frequency ranges of both operating bands. This can be seen as a “joint 
exclusion,” similar to the one for spurious emissions. The blocking and receiver 
intermodulation requirements also apply inside the inter-RF-bandwidth gap. 

¢ Receiver spurious emissions: For a multi-band base station, a “joint exclusion band” 
similar to the one for transmitter spurious emissions will apply, covering both operating 
bands plus 1OMHz on each side. 


In the case where the two operating bands are mapped on separate antenna connectors, as 
shown in Figure 19.13, the preceding exceptions for transmitter/receiver spurious emissions, 
UEM, ACLR, and transmitter intermodulation do not apply. Those limits will instead be the 
same as for single-band operation for each antenna connector. In addition, if such a multi- 
band base station with separate antenna connectors per band is operated in only one band with 
the other band (and other antenna connector) inactive, the base station will from a require- 
ment point-of-view be seen as a single-band base station. In this case all requirements will 
apply as single-band requirements. 


19.14 RF requirements for relays 


As described in Chapter 18, the LTE specifications support decode-and-forward relays in 
release 10. The RF requirements for such relays were introduced in release 11 and are 
described in this chapter. The baseline for setting the relay RF requirements has been the 
existing RF requirements for the base station and the terminal, with the observation that seen 
from the access link side, a relay would have many similarities with a base station, while on 
the backhaul side, it would have similarities with a terminal. This is illustrated in 
Figure 19.14. 
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RF requirements for a relay on the backhaul and access sides 


The RF requirements for LTE relays are defined in a separate specification [RELAYRF], 
but many of the requirements are set by direct reference to the terminal specification [76] for 
backhaul link requirements and base station specification [86] for access link requirements. It 
is in particular the Local Area base station requirements that are referenced, since the 
deployment scenario in that case is similar to a relay. Many RF requirements are, however, 
specific for relays, the following in particular: 


Output power: Two power classes are defined for relays. Class 1 has a maximum of 24 
dBm and Class 2 has a maximum 30 dBm output power for the access link. The 
maximum for the backhaul link is 24 dBm for both classes. All power levels are 
counted as the sum over all antennas (up to eight for the access link and four for the 
backhaul link). 

ACLR: In order for the backhaul link to provide proper co-existence properties and not 
deteriorate the base station uplink, the relay ACLR limits are set equivalent to the ones 
for a Local Area base station on both the access and backhaul links. 

Operating band unwanted emissions (UEM): New UEM limits for the access and 
backhaul links are set in relation to the output power levels defined by the Relay Power 
Class. 

Adjacent Channel Selectivity (ACS): The relay backhaul link relative ACS limit is 
set at a level similar to what is used for a base station, but the requirement is defined at a 
higher input signal level corresponding to the maximum downlink signal level at which 
ACS is defined for a terminal. The ACS requirement for the access link is taken from 
the Local Area base station. 

Blocking requirements: The in-band blocking levels for the backhaul link are set 
higher than for a terminal, but are also defined for a correspondingly higher wanted 
signal level. The blocking requirement for the access link is taken from the Local Area 
base station. 
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Performance 


20.1 Performance assessment 


Computer simulation of mobile systems is a very powerful tool to assess the system per- 
formance. The “real-life” performance can, of course, be measured and evaluated in the field 
for an already deployed system, and such values represent a valid example of performance for 
a certain system configuration. But there are several advantages with computer simulations: 


e Evaluation can be made of system concepts that are not deployed or still under 
development. 

¢ There is full control of the environment, including propagation parameters, traffic, 
system layout, etc., and full traceability of all parameters affecting the result. 

¢ Well-controlled “experiments” comparing similar system concepts or parts of concepts 
can be done under repeatable conditions. 


In spite of the advantages, simulation results do not give a full picture of the performance 
of a system. It is impossible to model all aspects of the mobile environment and to properly 
model the behavior of all components in a system. Still, a very good picture of system 
performance can be obtained and it can often be used to find the potential limits for per- 
formance. Because of the difficulty in modeling all relevant aspects, relative capacity mea- 
sures for introducing features will be more accurate than absolute capacity numbers, if a good 
model is introduced of the feature in question. 

The capacity of a system is difficult to assess without comparisons, since a system per- 
formance number in itself does not provide very much information. It is when set in relation 
to how other systems can perform that the number becomes interesting. Since making 
comparisons is an important component in assessing performance, it also makes performance 
numbers a highly contentious issue. One always has to watch out for “apples and oranges” 
comparisons, since the system performance depends on so many parameters. If parameters 
are not properly selected to give comparable conditions for two systems, the performance 
numbers will not be comparable either. 

In this context, it is also essential to take into account that system performance and ca- 
pacity will be feature dependent. Many features such as MIMO and advanced antenna 
techniques that have been introduced in 3G (HSPA) and 4G (LTE) systems are very similar 
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between systems. If a certain feature is a viable option for several systems that are evaluated 
in parallel, the feature should be included in the evaluation for all systems. 

Any simulated performance number should be viewed in the context that real radio 
network performance will depend on many parameters that are difficult to control or model, 
including: 


e The mobile environment, including channel conditions, angular spreads, clutter type, 
terminal speeds, indoor/outdoor usage, and coverage holes. 

¢ User-related behavior, such as voice activity, traffic distribution, and service distribution. 

e System tuning of service quality and network quality. 

¢ Deployment aspects such as site types, antenna heights and types, and frequency 
planning. 

e A number of additional parameters that are usually not modeled, such as signaling 
capacity and performance, and measurement quality. 


There is no single universal measure of performance for a telecommunications system. 
Indeed, end-users (subscribers) and system operators define good performance quite differ- 
ently. On the one hand, end-users want to experience the highest possible level of quality. On 
the other hand, operators want to derive maximum revenue, for example by squeezing as 
many users as possible into the system. Performance-enhancing features can improve 
perceived quality of service (end-user viewpoint) or system performance (operator view- 
point). The good news, however, is that LTE and its evolution has the potential to do both. 
Compared to 3G systems, LTE yields better data rates and shorter delays. That is, LTE and its 
evolution can greatly improve both the service experience (end-user viewpoint) and the 
system capacity (operator viewpoint). 


20.1.1 End-user perspective of performance 


Users of circuit-switched services are assured of a fixed data rate. The quality of service in the 
context of speech or video telephony services is defined by perceived speech or video quality. 
Superior-quality services have fewer bit errors in the received signal. 

By contrast, users who download a web page or movie clip via packet data describe quality 
of service in terms of the delay they experience from the time they start the download until the 
web page or movie clip is displayed. Best-effort services do not guarantee a fixed data rate. 
Instead, users are allocated whatever data rate is available under present conditions. This is a 
general property of packet-switched networks—that is, network resources are not reserved for 
each user. Given that the delay increases with the size of the object to be downloaded, 
absolute delay is not a fair measure of quality of service. 

Performance of a packet data service in cellular systems can be characterized by several 
different measures depending on the perspective taken (see Figure 20.1). A single user in a 
radio network experiencing good radio conditions may enjoy the peak data rate of the radio 
interface. A user will, however, normally share radio resources with other users. If radio 
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Definitions of data rates for performance 


conditions are less than optimal or there is interference from other users, the radio-interface 
data rate will be less than the peak data rate. In addition, some data packets might be lost, in 
which case the missing data must be retransmitted, further reducing the effective data rate as 
seen from higher protocol layers. Additionally, the effective data rate diminishes even further 
as the distance from the cell increases (due to poorer radio conditions at cell edges). The data 
rate experienced above the MAC layer, after sharing the channel with other users, is denoted 
user throughput. 

The Transmission Control Protocol (TCP)—the protocol at the transport layer—is 
commonly used together with IP traffic. However, due to the so-called slow-start algorithm, 
which is sensitive to latency in the network, it is especially prone to cause delay for small 
files. The slow-start algorithm is meant to ensure that the packet transmission rate from the 
source does not exceed the capability of network nodes and interfaces. 

Network latency, which in principle is a measure of the time it takes for a packet to travel 
from a client to a server and back again, has a direct impact on performance with TCP. 
Therefore, an important design objective for LTE has been to reduce network latency. One 
other quality-related criterion (end-user viewpoint) relates to the setup time for initiating, for 
example, a web-browsing session. 


20.1.2 Operator perspective 


Radio resources need to be shared when multiple users are in the network. As a result, all data 
must be queued before it can be transmitted, which restricts the effective data rate to each 


eee 
476 CHAPTER 20 Performance 


user. Notwithstanding this fact, by scheduling radio resources, operators can improve system 
throughput or the total number of bits per second transmitted over the radio interface. A 
common measure of system performance is “spectral efficiency,’ which is the system 
throughput per MHz of spectrum in each cell of the system. 

LTE employs intelligent scheduling methods to optimize performance, from both end-user 
and operator viewpoints. 

An important performance measure for operators is the number of active users who can be 
connected simultaneously. Given that system resources are limited, there will thus be a trade- 
off between number of active users and perceived quality of service in terms of user 
throughput. 


20.2 Performance in terms of peak data rates and latency 


As described in Chapter 1, LTE has been developed in a process where design targets for 
performance parameters play an important role. One target is for the peak data rate over the 
radio interface. The original design targets for the first release of LTE are documented in 
3GPP TR 25.913 [10]. The target capability when operating in a 20 MHz spectrum allocation 
is a peak data rate of 100 Mbit/s in the downlink and 50 Mbit/s in the uplink. The numbers 
assume two receive antennas in the terminal for the downlink capability and one transmit 
antenna for the uplink capability. These target numbers are exceeded by a good margin by the 
peak data rate capability of the specified LTE standard. LTE release 8 supports peak data rates 
of 300 Mbit/s in the downlink and 75 Mbit/s in the uplink by using spatial multiplexing of 
four layers (4 x 4 MIMO) in the downlink and 64QAM in both downlink and uplink. With the 
assumptions in the design targets—that is, spatial multiplexing of two layers—the downlink 
peak data rate is 150 Mbit/s, which is still significantly higher than the target. 

The design targets for LTE release 10 (“LTE-Advanced”’) are documented in 3GPP TR 
36.913 [10], based on the targets set by ITU-R [65]. There is no absolute peak data rate target 
expressed for LTE release 10; it is instead expressed relative to the channel bandwidth as a 
peak spectral efficiency, with targets of 15 bit/s/Hz for downlink and 6.75 bit/s/MHz for 
uplink [65]. LTE release 10 exceeds those numbers by a good margin, as shown in Table 20.1. 


Table 20.1 LTE Peak Spectral Efficiency [TR 36912] 
LTE Fulfillment 


? Release 8 Release 10 
Peak Spectral 3ITU Requirement 
Efficiency [bit/s/Hz] FDD TDD FDD TDD 
Downlink 15 15.3 15.0 30.6 30.0 


Uplink 6.75 4.2 4.0 16.8 16.0 
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The assumptions for deriving the peak spectral efficiency numbers are a deployment with 
20 MHz channel bandwidth, 8 x 8 MIMO in the downlink, and 4 x 4 MIMO in the uplink. 

The ITU-R requirement for downlink peak spectral efficiency is in fact fulfilled by LTE 
release 8, assuming 4 x 4 MIMO in the downlink [92]. 

The ITU-R target for /atency in [65] is set with a different definition than in Figure 20.1. 
Instead of a two-way latency, there is a 10 ms target for the one-way latency in both downlink 
and uplink. The one-way latency is defined as the one-way transit time between a packet 
being available at the IP layer in the user base station and the availability of this packet at the 
IP layer in the user terminal, and vice versa. This is achieved with a good margin for LTE, 
where the latency achieved is 4 ms for LTE FDD and 4.9 ms for LTE TDD. 


20.3 Performance evaluation of LTE-advanced 


An essential part of the submission of LTE release 10 to ITU-R as a candidate for 
IMT-Advanced was the performance evaluation of the spectral efficiency. The technical re- 
quirements are set by ITU-R Report M.2134 [65] and the detailed evaluation methodology is 
described in ITU-R Report M.2135 [93]. 

For the work on LTE release 10, 3GPP performed a large simulation campaign with 
input from several 3GPP members. The resulting performance numbers formed an essential 
part of the submission of LTE-Advanced as a candidate for IMT-Advanced and is reported 
in detail in 3GPP TR 36.912 [92]. In addition to the ITU-R evaluation criteria, an 
additional test environment with higher performance targets than the ones set by ITU-R 
was defined in 3GPP. Performance numbers for this additional environment are also re- 
ported in [92]. 

An evaluation based on the ITU-R methodology and assumptions is presented in [94] and 
is also outlined below. The evaluation is based on time-dynamic system simulations, where 
users are dropped independently with uniform distribution over a simulated LTE system 
with a large number of cells. The simulations include overhead for control channels and 
time-dynamic models of feedback channels. With the level of details applied to model 
the protocols and the simulation assumptions used for the evaluation described below, the 
technology potential of LTE release 10 is demonstrated, in addition to showing that the 
IMT-Advanced performance requirements are exceeded. 

Detailed evaluations of LTE release 8 in comparison to earlier 3GPP releases of HSPA can 
be found in [95,96]. 


20.3.1 Models and assumptions 

This section presents the models and assumptions used for the evaluation in [94]. A summary 
of the test environments is given in Table 20.2, and the assumptions for the LTE-Advanced 
system characteristics are given in Table 20.3. 
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Table 20.2 Test Environment and Deployment Parameters for the Evaluation 
Test Environment 
Base Coverage High Speed 
Indoor Microcellular Urban 
Deployment scenario Indoor hotspot Urban Micro Urban Macro Rural Macro 
Channel model InH UMi UMa RMa 
Carrier frequency 3.4 GHz 2.5 GHz 2.0 GHz 0.8 GHz 
Inter-site distance 60 m 200 m 500 m 1732 m 
Terminal speed 3 km/h 3 km/h 30 km/h 120 km/h 
User distribution 100% indoor 50% indoor 100% outdoor 100% outdoor 
50% outdoor 

BS antenna height 6m 10m 25m 385m 
BS antenna gain O dBi 17 dBi 17 dBi 17 dBi 
BS output power 21 dBr/ 44 dBn/ 49 dBm/ 49 dBm/ 

20 MHz 20 MHz 20 MHz 20 MHz 
UE output power 21 dBm 24 dBm 24 dBm 24 dBm 


The evaluation is performed in four deployment scenarios, each corresponding to a 
different test environment defined by ITU-R [93]: 


¢ Indoor Hotspot: Deployment scenario for the indoor environment, having isolated 
office cells or hotspots for stationary or pedestrian users, with high user density and high 
user throughput. 

¢ Urban Micro: Deployment scenario for the microcellular environment, having small 
cells with outdoor and outdoor-to-indoor coverage for pedestrian and slow vehicular 
users, provided by below rooftop outdoor base stations. It has high traffic per unit area 
and will be interference limited. 

¢ Urban Macro: Deployment scenario for the base coverage urban environment, having 
large cells and continuous coverage for pedestrians up to fast vehicular users, provided 
by above rooftop outdoor base stations. It will be interference limited and has mostly 
non-line-of-sight propagation conditions. 

¢ Rural Macro: Deployment scenario for the high speed environment, having large cells 
and continuous coverage for high-speed vehicular and train users. It will be noise and/or 
interference limited. 


Each deployment scenario described in [93] corresponds to a set of deployment param- 
eters, including detailed propagation models for line-of-sight, non-line-of-sight, and/or 
outdoor-to-indoor propagation. The channel model is based on the so-called WINNER II 
channel model [97], which is a Spatial Channel Model (SCM) applicable for MIMO simu- 
lations [98]. Further details of the test environments and deployment parameters are given in 
Table 20.2. 
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Table 20.3 LTE-Advanced System Characteristics 


General Characteristics 


Duplex method assumptions FDD 
TDD: Configuration 1, DwPTS/GP/UpPTS length set to 
12/1/1 OFDM symbols (See Chapter 9) 

Spectrum allocation 10 MHz DL + 10 MHz UL for FDD,10 MHz for TDD 
Double bandwidth for InH case 


Antenna configuration at base station Vertically co-polarized antennas separated 4 (INH) or 0.5 

(BS) (UMi, Uma, Rma) wavelengths separation 

Antenna configuration at terminal Vertically co-polarized 

(UE) 0.5 wavelengths separation 

Network synchronization Synchronized, not explicitly utilized other than for 
avoiding UE-UE and BS-BS interference for TDD 


Detailed Radio Interface Characteristics and Models 


Scheduler DL: Proportional Fair in Time and Frequency UL: Quality- 
based Frequency Domain Multiplexing 

Downlink transmission scheme INH: Transmission mode 4; closed-loop codebook- 
based pre-coded adaptive rank spatial multiplexing UMi, 
UMa, RMa: Transmission mode 5; coordinated beam- 
forming (within site) with MU-MIMO 

Uplink transmission scheme 1 Tx, 4Rx antennas, no MU-MIMO 

Receiver type Minimum Mean Squared Error (MMSE) in DL and UL 

Uplink power control Open loop with fractional path-loss compensation, 
parameters chosen according to the deployment 
scenario. Effective noise rise below 10 dB. 

Hybrid-ARQ scheme Incremental redundancy, synchronous, adaptive 

Link adaptation Non-ideal, based on delayed feedback 

Channel estimation Non-ideal channel estimation 
Non-ideal channel-state reports in downlink; CQI error 
per resource block is N(O,1) dB, error-free feedback of 
the reports, 6 ms reporting delay, 5 ms reporting 
periodicity 
Uplink quality estimated from PUSCH, 6 ms delay, 20 ms 
sounding period 

Feedback channel errors Error-free, but quantized and delayed 

Control channel overhead DL: 3 OFDM symbols per subframe 
UL: 4 resource blocks 
Overhead for common control channels 
(synchronization, broadcast and random access; ~ 1% 
for 10 MHz) has not been deducted 
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The simulation methodology is “time dynamic,” where a system of base stations and 
terminals is simulated over a limited time frame (20-100 seconds). This is repeated to create a 
number of samples to reach sufficient statistical confidence. For each simulation, terminals 
are randomly positioned over a model of a radio network and the radio channel between each 
base station and terminal antenna pair is simulated according to the propagation and fading 
models. A full buffer traffic model with an average of 10 users per cell is assumed. This 
results in the system operating at the maximum 100% system load. 

Based on the channel realizations and the active interferers, a signal-to-interference-and- 
noise ratio (SINR) is calculated for each terminal (or base-station) receive antenna. The SINR 
values are then mapped to block error probability for the modulation and coding scheme 
employed for each user. MIMO and the modulation-and-coding scheme according to the LTE 
standard are selected based on delayed feedback. Retransmissions are explicitly modeled and 
the user throughput for each active user i will be the number of correctly received bits yj; 
(above the MAC layer) divided by the simulated time 7: The distribution of user throughput 
between users serves as a basis for assessing end-user quality. The served traffic per cell is 
calculated from the total number of received bits x; for all users, averaged over all cells and 
divided by the simulated time 7: Statistics are collected from each simulation run and then 
new terminals are randomly positioned for the next sample. 


20.3.2 Evaluation criteria 


ITU-R defines two requirements related to the efficiency of the radio interface for evaluating 
the performance of the IMT-Advanced candidate radio-interface technologies (RITs) [65]. 
The first is cell spectral efficiency, defining the operator perspective, and the second is cell- 
edge spectral efficiency, defining the end-user perspective. 

The cell spectral efficiency is the aggregated throughput over all users, averaged over all 
cells and divided by the channel bandwidth. The measure relates to the system throughput in 
Figure 20.1 and is a measure of the maximum total “capacity” available in the system to be 
shared between users; it is measured in bits/s/Hz/cell. 

The cell spectral efficiency 7 is defined as: 

wet Xi 
1= T.-M (20.1) 
where x; denotes the number of correctly received bits for user i in a system with N users and 
M cells, w is the channel bandwidth, and T is the time over which the data bits are received. 

The cell-edge user spectral efficiency is based on the distribution between users of the 
normalized user throughput (see also Figure 20.1), which is defined as the average user 
throughput over a certain period of time divided by the channel bandwidth, and is measured in 
bit/s/Hz. The cell-edge user spectral efficiency is defined as the 5% point of the cumulative 
distribution function (CDF) of the normalized user throughput. It is thus a measure of the end- 
user perceived “quality of service” for the 5% of the users with the lowest user throughput. 
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Table 20.4 ITU-R Requirements for IMT-Advanced Spectral Efficiency 


Cell Spectral Efficiency Cell-Edge User Spectral Efficiency 


Test Environment and [bit/s/Hz/cell] [bit/s/Hz] 
Corresponding 


Deployment Scenario Downlink Uplink Downlink Uplink 


Indoor (InH) 3 2.25 0.4 0.07 
Microcellular (UMi) 2.6 1.8 0.075 0.05 
Base coverage urban (UMa) 2.2 1.4 0.06 0.03 
High speed (RMa) 1.1 0.7 0.4 0.015 


The normalized user throughput for user i is defined as: 
Xi 
T; ‘Ww 


i= (20.2) 


where 7; is the active session time for user i. 

The requirements defined by ITU-R [65] for cell spectral efficiency and cell-edge user 
spectral efficiency are listed in Table 20.4. The requirement levels are shown as dashed lines 
together with the simulated performance values in Figures 20.2 and 20.5. 


20.3.3 Performance numbers 
Simulations for FDD and TDD and for all test environments were submitted for the ITU-R 


evaluation and are also presented here. The numbers here, however, are not identical to the 
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FDD cell spectral efficiency and cell-edge user spectral efficiency, compared with ITU-R 
requirements (downlink and uplink) 
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numbers put forward to ITU-R in [92], but will be seen as one sample of results from the 
evaluation in [94]. 

For FDD, the cell spectral efficiency and cell-edge spectral efficiency are shown in 
Figure 20.2. All results exceed the ITU-R performance requirements in Table 20.4, in some 
cases by a very good margin. For the indoor scenario and the downlink, this is achieved using 
an uncorrelated antenna configuration together with single-user MIMO. For the other sce- 
narios, a correlated antenna setup and intra-site coordinated beam-forming (CBF) with 
MU-MIMO are used in the downlink. A quite basic uplink configuration not utilizing MIMO 
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is used for all environments. It should be noted that the cell-edge spectral efficiency is highly 
dependent on the system load and that the ITU-R simulations are performed with maximum 
load and a full buffer model. An example of LTE performance numbers including lower and 


varying loads can be found in [96]. 


The normalized user throughput distributions are given in Figure 20.3 and Signal-to- 
Noise-and-Interference Ratio (SINR) distributions are shown in Figure 20.4. The figures 
demonstrate the impact of the very advantageous SINR distributions achieved in the indoor 
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hotspot scenario and to some extent also for rural macro, resulting in higher spectral effi- 
ciency numbers in those environments. 

For TDD, the cell spectral efficiency and cell-edge spectral efficiency are shown in 
Figure 20.5, while normalized user throughput distributions are illustrated in Figure 20.6. 
There is a small drop in the spectral efficiency numbers compared to FDD, but all results 
exceed the ITU-R performance requirements. The difference compared to FDD is due to a 
higher overhead from the guard period between uplink and downlink. The average delay 
between making measurements in the terminal and receiving the measurement result at the 
base station is also increased compared to FDD, due to the TDD time-domain structure. This 
has some impact on the performance of scheduling and link adaptation. The channel reci- 
procity is not utilized in the simulated TDD scheme. 


20.4 Conclusion 


The simulation results presented in this chapter demonstrate the high potential of LTE/ 
LTE-Advanced in terms of both overall spectral efficiency to the benefit of operators and high 
cell-edge performance to the benefit of the end-user. The performance is assessed in four 
different test environments. The results for FDD and TDD in downlink and uplink all exceed 
the requirements set up by ITU-R for the evaluation of IMT-Advanced candidates. In addi- 
tion, the peak radio-interface data rates and the latency achieved by LTE meet the ITU-R 
requirements. 
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Future Radio Access—Final 
Thoughts 


This book has provided an extensive description of the LTE radio-access technology, from its 
emergence as part of 3GPP release 8, via releases 9 and 10 to current LTE release 11. 
However, the radio-access evolution does not end with release 11. New releases of LTE will 
emerge in the future, introducing new features and technology components to further enhance 
system performance and address new usage scenarios. Also, at some point in time new 
“beyond-LTE” radio-access technology will undoubtedly appear. The aim of this last chapter 
is to provide an outline of future radio access, including the future evolution of LTE as well as 
potential new radio-access technology. 

The overall traffic in mobile-communication networks has grown tremendously in recent 
years, fueled primarily by an enormous uptake in the use of mobile broadband. This trend is 
expected to continue in the future, with traffic demands predicted to increase around 12 times 
from 2012 to 2018 [112]. In a longer-term perspective, mobile-communication networks will 
have to be able to handle more than 1000 times higher traffic than today [123]. This increase 
in traffic will to a large extent be driven by further increase in mobile-broadband usage. 
However, especially in a longer-term perspective, the traffic growth will also be fueled by 
emerging applications and new use cases associated with “communicating machines” as 
elaborated on below. 

There are in the order of five billion wirelessly connected mobile devices in service today, 
most of which are hand-held terminals, tablets, or mobile-broadband devices in portable 
computers. In the future, these devices may be surpassed tenfold or more by communicating 
machines including, for example, surveillance cameras, smart-home and smart-grid devices, 
and connected sensors. The transition from roughly five billion to more than 50 billion, and in 
a longer-term perspective several 100 billion, connected devices will pose a formidable 
challenge for future mobile-communication systems [124]. 

Future mobile-communication systems will also have to cope with a much wider range of 
applications and use cases, with a corresponding much wider range of requirements and 
characteristics, compared to today. Mobile broadband services, including web browsing, 
video streaming, and different forms of data sharing will remain a key application and will 
continue to drive a demand for higher data rates. Future demands for data rates exceeding 
10 Gbit/s in specific scenarios and general availability of data rates at least in the order of 
100 Mbit/s can be anticipated. 
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In addition, the large-scale introduction of communicating machines will go hand in 
hand with the emergence of many new applications and use cases with characteristics 
and requirements that will not only differ significantly from the currently dominating mobile- 
broadband applications, but which will also vary significantly between applications. 


e Some applications, such as safety or control mechanisms in the process industry or in the 
electrical grid, may have very strict requirements on low latency while for other 
applications, such as remote-meter reading for billing purposes, the latency requirements 
may be very relaxed. 

e Applications related to the control of critical infrastructure, for example the electrical 
grid or industrial control, may require extremely high reliability whereas in other cases, 
for example for certain types of sensors such as temperature or moisture sensors in the 
home, the reliability requirements may be much lower. 

¢ Some applications, such as remote surveillance cameras, may be associated with major 
volumes of information to be conveyed while other applications, such as cargo tracking 
in the shipping industry, may be associated with very small data payloads. 

e In some cases, for example for battery-powered sensor networks, low device cost and/or 
energy consumption are extremely important, while for other applications, this may be 
less of an issue. 


In order to address the above challenges of massive traffic increase, massive number of 
connected devices, and a very wide range of requirements and characteristics, in an affordable 
and sustainable way, new technology components are required, both as part of the continued 
evolution of existing radio-access technologies or as building blocks for new beyond-LTE 
radio access. 


21.1 Continued LTE evolution beyond release 11 


As already mentioned, the evolution of LTE does not end with LTE release 11. Rather LTE 
will continue to evolve into release 12, release 13, and so on, with each new release bringing 
additional capabilities and further enhanced system performance into the LTE radio-access 
technology. Not only will this provide better performance for existing use cases, it will 
also allow for new use cases. 

The starting point for the 3GPP activities on LTE release 12 was the workshop “Release 12 
and beyond,” taking place in June 2012. At that workshop it was agreed that important aspects 
to be addressed by the evolution include not only increased capacity and enhanced end-user 
experience but also improved energy efficiency, reduced cost, better support for diverse data 
applications, and backhaul enhancements. The major technology areas identified at the 
workshop comprised [114]: 


e Further enhanced local-area access 
e Extended multi-antenna/multi-point transmission 
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¢ Further improved support for machine-type communication (MTC) 
¢ Support for direct device-to-device communication 


In the following text, these areas will be discussed, primarily focusing on release 12. 


21.1.1 Further enhanced local-area access 


Network densification, typically by deploying low-power nodes under the coverage of an 
existing macro-node layer as described in Chapter 16, is a key tool to improving traffic 
capacity and extending the achievable data rates. The low-power nodes provide local-area 
access, complementing the wide-area-covering macro layer in selected areas. As most users 
are stationary or slowly moving, there is an increasing focus on high data rates in (quasi-) 
stationary situations, and improved support for local-area access was identified as a key area 
at the release-12 workshop. To some extent it can be seen as the, in a wide sense, continuation 
of the work on improved support for heterogeneous deployments in releases 10/11 as 
described in Chapter 16. 

In the following, examples of some aspects related to local-area access considered by 
3GPP as part of release 12 are given. Additionally, 3GPP is also studying various forms of 
interference coordination to handle dense local-area deployments, a new carrier type with less 
overhead as a mean to reduce interference and increase energy efficiency, and physical-layer 
modifications such as the introduction of 256QAM. 


21.1.1.1 Frequency-separated local area access 

The 3GPP activities on local-area access and heterogeneous deployments have up to and 
including release 11 primarily focused on same-frequency operation—that is, when the wide- 
area and local-area layers operate on the same carrier frequency. The main reason for this has 
been the assumption that, especially for operators with a limited spectrum situation, it is not 
justifiable to split the available spectrum between the layers, reducing the bandwidth and thus 
also the achievable data rates available in each layer. Same-frequency operation also maxi- 
mizes the spectral efficiency but, as discussed in Chapter 16, results in an inter-layer inter- 
ference problem that needs to be handled. Hence, the features in focus for releases 10/11 have 
primarily targeted handling of inter-layer interference between the different layers in a same- 
frequency deployment. 

However, in the future additional spectrum will be primarily available at higher fre- 
quencies, 3.5 GHz and above, as lower frequencies are already heavily used by cellular as 
well as non-cellular services. In general, higher frequency bands are, due to propagation 
characteristics, more challenging to use for wide-area deployments. Furthermore, there are 
regulatory limitations on the output power and outdoor usage of some frequency bands in 
certain parts of the world. 

With the availability of higher frequency bands more challenging to use for wide-area 
coverage, it is more relevant to consider band-separated local-area access operating on 
higher frequency bands with the overlaid macro layer operating on lower cellular bands. Not 
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only does such a frequency-separated deployment avoid the inter-layer interference issues 
present in a same-frequency deployment, but it also provides some additional benefits 
compared to same-frequency operation, for example the possibility to use different duplex 
schemes in the different network layers. 


21.1.1.2 Dynamic TDD 

With an increased interest in local-area deployments, TDD is expected to become more important 
compared to the situation for wide-area deployments today. For example, an existing wide-area 
FDD network could be complemented by a local-area layer using TDD. To better handle the high 
traffic dynamics in a local-area scenario, where the number of terminals associated with a certain 
access node can be very small, dynamic TDD is beneficial. In dynamic TDD, the network can 
dynamically use resources for either uplink or downlink transmissions to match the instanta- 
neous traffic situation, which leads to an improvement of the end-user performance compared to 
the conventional static split of resources between uplink and downlink. 


21.1.1.3 Dual connectivity 

Time-domain partitioning and shared cell, described in Chapter 16, are two examples of inter- 
layer coordination schemes. In the former, the local-area nodes transmit all the signals associ- 
ated with a cell, including cell-specific reference signals, synchronization signals, and the full set 
of system information. A terminal communicates with the same node, macro or local-area node, 
in both uplink and downlink directions and the transmission activity in the different layers is 
coordinated on a relatively slow basis to handle the inter-layer interference. Shared cell, on the 
other hand, is based on a much tighter interaction between the cell layers and in principle a 
terminal can communicate with different nodes in uplink and downlink. However, the benefits 
are limited to nodes being part of the same cell and low-latency backhaul is required. 

On a high level, dual connectivity can be seen as taking the principle of operating the wide- 
area and local-area layers in a more integrated manner one step further. In this scenario, the 
terminal is simultaneously connected to two network nodes. The nodes may or may not form 
separate cells and there is no need for low-latency backhaul. The integrated operation of the 
two layers can lead to benefits in terms of: 


¢ Uplink-downlink separation—that is, uplink reception may occur in a network node 
different from that used for downlink transmissions. Uplink-downlink separation is 
particularly advantageous in a heterogeneous deployment where the node with the 
strongest received signal at the terminal (and thus typically used for downlink 
transmissions) may not be the node with the lowest path loss to the terminal (and thus not 
the best node for uplink reception) as the difference in transmission power or load 
between the wide-area and local-area nodes can be quite large, as discussed in Chapter 
16. Uplink CoMP, discussed in Chapter 15, is one way of implementing uplink-downlink 
separation assuming a low-latency backhaul is available. With dual connectivity, the 
benefits can be extended to the case of non-ideal backhaul. 
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¢ Mobility robustness—that is, vital control-plane information such as handover 
commands can be transmitted from the overlaid wide-area layer even if the user data is 
provided by the local-area layer. A terminal being connected to a single node only may 
loose the connection if it has moved outside of the coverage area of the local-area node 
before the handover procedure is completed, a problem that is avoided if the overlaid 
wide-area layer is responsible for transmitting handover commands. Alternatively, the 
handover commands can be transmitted from both the source and the destination nodes. 

¢ Interference reduction as there is no need for the local-area layer to broadcast system 
information when system information already is provided by the wide-area layer. 
Furthermore, minimizing the transmission of always-on signals such as system 
information and cell-specific reference signals from the local-area layer enables higher 
energy efficiency, as the local-area access nodes in principle only need to be active in the 
subframes where there is a terminal to serve. 


In Figure 21.1, an example of dual connectivity is illustrated where the terminal is con- 
nected to an anchor node in the wide-area layer for system information, basic radio-resource 
control (RRC) signaling and possibly low-rate/high-reliability user data, and to an assisting 
node in the local-area layer for large amounts of high-rate user data. Scheduling is done 
separately in the anchor and assisting nodes. Thus, as there are separate schedulers for the two 
connections and the data on the two have no time-critical relation, the latency requirements 
for the interconnection between the layers are relaxed. 


21.1.1.4 WLAN interworking 

Wireless local area networks (WLANs) based on the 802.11 family of standards are already 

used by many operators for offloading cellular networks and embracing capacity expansion 

into license-exempt spectrum bands. The LTE specifications provide support for WLAN 

interworking, including seamless as well as non-seamless mobility, at the core network level. 
The selection whether to use WLAN or 3GPP access currently resides in the terminal and 

is implementation-specific. Existing terminals have no information about the network load 


FIGURE 21.1 


Dual connectivity 
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and typically connect to the WLAN whenever such a network is found, irrespective of which 
technology would be preferable from an end-user perspective in a particular scenario. Hence, 
existing terminals may switch to a WLAN even if it is heavily loaded and the LTE connection 
would provide significantly better end-user experience. Therefore, as part of the work on 
release 12, 3GPP will investigate signaling mechanisms to support radio-access-network 
control of the radio-access technology used by the terminal. An even tighter interaction 
between WLAN and LTE could also be envisioned in a later release, for example by using 
WLAN and LTE as the assisting and anchor connections, respectively, in a dual-connectivity 
scenario. 


21.1.2 Enhanced multi-antenna/multi-point enhancements 


Active-array-antenna systems are becoming increasingly common. Instead of having multiple 
passive antenna elements being fed by a single power amplifier, the RF components such as 
power amplifiers and transceivers are integrated with an array of antenna elements without 
increasing the overall size of the antenna enclosure. This approach provides several benefits 
compared to traditional deployments with passive antennas connected to transceivers through 
feeder cables. Not only are cable losses reduced, leading to improved performance and 
reduced energy consumption, but also the installation is simplified and the required equipment 
space is reduced. This can lead to multi-antenna deployments using the existing LTE func- 
tionality becoming increasingly common. However, to make multi-antenna techniques useful 
in practice, it is essential to ensure proper specification of relevant RF and electro-magnetic 
compatibility requirements. It is therefore important to continue the studies initiated in 
release 11 and to define these requirements as well as the corresponding test methodology as 
part of release 12. The spatial dimension is a key aspect of adaptive antenna systems and needs 
to be accounted for, which increases the complexity of the problem and possibly calls for some 
limited use of over-the-air testing. Prior to establishing the relevant performance requirements, 
the practical usefulness of defining more advanced features as discussed below is limited. 

Multi-antenna and multi-point techniques in LTE will evolve not only in terms of defining 
RF requirements but also in terms of more advanced ways of exploiting multiple antennas. 
Examples of such concepts are three-dimensional beam-forming, massive MIMO and 
enhanced CoMP operation. 

In three-dimensional beam-forming, beams are formed not only in the azimuth domain but 
also in the elevation domain, see Figure 21.2. This can be exploited in several ways, including 
dynamic terminal-specific downtilt, multi-user MIMO, and vertical sectorization. To a large 
extent, LTE already includes support for three-dimensional beam-forming through non- 
codebook-based beam-forming as described in Chapter 10, but further enhancements can 
be considered based on performance evaluation in different scenarios. The performance of the 
different approaches is expected to depend heavily on channel and propagation models as 
well as on the actual deployment scenarios. Accurate channel modeling is therefore crucial 
for performance evaluations. 
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Examples of multi-antenna enhancements 


Another more long-term example of advanced multi-antenna operation is massive MIMO 
where a large number of antenna elements are used to form very narrow beams. Massive 
MIMO is further discussed in Section 21.2.3. 

Coordinated multipoint transmission/reception (CoMP) was one of the features introduced in 
release 11. As discussed in Chapter 15, the work in release 11 assumed that low-latency backhaul 
is available for the coordination between transmission points. However, due to the many 
open issues around CoMP, including the question of what schemes to use in what scenarios, it is 
expected that the work will continue in release 12. In particular, CoMP with relaxed 
backhaul requirements needs to be in focus to broaden the practical applicability of CoMP. 


21.1.3 Machine-type communication 


Up until today, mobile-communication technologies have been designed primarily with 
human-centric applications in mind. In case of LTE, the main focus on design was thus on 
developing techniques for providing high data rates and low latencies for mobile-broadband 
services such as file downloading and web browsing. However, as discussed in the intro- 
duction of this chapter, there is an expectation of a tremendous increase in the number of non- 
human-centric devices and associated “machine-type communication” (MTC). Actually, 
connected devices such a burglar alarms, power meters, and so on, are already a reality. 
Today, these devices are typically relying on second-generation GSM for connectivity, pri- 
marily due to its outstanding coverage and availability of very low-cost modems. However, 
there is a desire to at some stage move the main part of the machine communication to LTE. 
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Although LTE is capable of handling a wide range of machine-type communication 
scenarios already from the first release, several improvements are being discussed as part of 
the release-12 work, for example: 


e Support low-cost and low-complexity device types to match low performance 
requirements (for example in peak data rates and delay) of certain MTC applications. 

e Allow for very low energy consumptions for data transfers to ensure long battery 
life. 

e Provide extended coverage options for MTC devices in challenging locations. 

e Handle very large numbers of devices per cell. 


Techniques to address low-cost MTC device types have been studied [115] by 3GPP and 
form the basis for the MTC enhancements in release 12. Of the techniques studied, the 
possibility for device-side half-duplex operation, reduced peak data rate requirements, and 
reduced bandwidth operation (less than 20 MHz) are particularly interesting. Additional 
simplifications may be achievable if single-antenna operation is allowed (in contrast to the 
current requirement on two-way receive diversity as a baseline) and if the maximum uplink 
transmit power is reduced. However, it has to be ensured that coverage and spectral efficiency 
are not significantly impacted. 

In order to enable long battery life times, the energy consumptions of every data transfer of 
a device need to be reduced to a minimum. For devices with infrequent data transmission, 
energy consumption can be reduced if the DRX cycles (see Chapter 13) are significantly 
extended. This enables a device to make use of extended sleeping times while not transmitting 
data, which minimizes reading of control channels and mobility-related measurements. 
Furthermore, infrequent transmissions of small amounts of user data are typically associated 
with signaling procedures, for example to establish radio bearers. These signaling procedures 
are sometimes more expensive from a power-consumption perspective than the data transfer 
itself. Simplifying these procedures for infrequent small data transfers can therefore provide 
significant benefits. 

In some use cases MTC devices may be located in challenging locations where LTE 
coverage is not available with existing network deployments. One example is smart 
meters in the basements of buildings. Options for coverage extensions are primarily 
repetition and energy accumulation of the appropriate signals, possibly complemented by 
beamforming. 

Since the number of connected machines is expected to grow to very large numbers, 
mechanisms are needed to handle a large number of devices within a single cell. A load 
control scheme known as enhanced access barring has been standardized for release 11 to 
avoid RAN overload due to too many spontaneous access attempts. In general, signaling for 
every connected device can result in a very high control-plane load. Therefore, lightweight 
signaling procedures are desired which reduce the signaling load per device that is caused to 
the network. Note that a lightweight signaling scheme may at the same time improve device 
battery consumptions as described above. 


a TEE 
21.1 Continued LTE evolution beyond release 11 493 


21.1.4 Device-to-device communication 


Direct device-to-device communications, sometimes called direct-mode communications, 
imply that wireless devices in the proximity of each other communicate in a peer-to-peer 
fashion without the user-plane involvement of a cellular infrastructure [116]. This has been 
studied in academia for some years, for example as part of the European research project 
WINNER [111]. Direct communication can, depending on the scenario, provide multiple 
benefits, both for the end-user in terms of very high data rates thanks to the proximity of the 
communicating devices, as well as for the overall system in terms of capacity gains from 
offloading traffic from the cellular infrastructure. Furthermore, communication may take 
place even in absence of infrastructure, which is an attractive property in public safety sce- 
narios, for example when a first responder officer searches for people in need in a disaster 
situation without functioning infrastructure. 

Direct device-to-device communications have so far mostly used unlicensed spectrum and 
operated independently of cellular infrastructure (lower left part of Figure 21.3). Examples 
are Bluetooth and WiFi Direct. However, recently there has been an increased interest in 
utilizing licensed (and in particular cellular) spectrum and more tightly integrated direct 
device-to-device communication with the cellular network (upper right part of Figure 21.3). 
In such a scheme, terminals in the proximity of each other can exchange information over a 
direct link rather than transmitting and receiving signals through a cellular base station 
[117,118]. The LTE network can, when present, assist with for example synchronization, peer 
discovery, and providing identity and security information. Preferably, the device-to-device 
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communication scheme is designed such that the devices benefit from the network when 
present, but are still able to communicate, albeit possibly in a less efficient manner, in absence 
of network coverage. 

Recognizing the potential advantages of direct device-to-device communication in a 
cellular network, 3GPP is currently investigating the feasibility of adding direct device-to- 
device communication to LTE. In particular, two use cases are considered: 


e public safety, requiring communication between two devices both in presence and 
absence of network support, and 
e peer discovery for commercial applications in presence of network support. 


In both these cases, licensed spectrum will be used (upper part of Figure 21.3), primarily 
by allocating parts of the uplink resources for direct device-to-device usage. 

Finally, it should be kept in mind that adding device-to-device communication to LTE 
impacts the overall architecture and is not a trivial task. For example, authorization and 
authentication, currently handled by the network, needs to be extended to handle the 
distributed situation occurring in a direct device-to-device scenario. Another example of an 
area requiring further thought is handling of direct communication between devices with 
subscriptions to different operators. 


21.2 New radio access 


This book has described the emergence of the LTE radio-access technology in 3GPP release 8 
and the subsequent evolution of LTE through releases 9, 10, and 11. As discussed in the 
previous section, this evolution will continue, first with LTE release 12 and then onwards with 
future LTE releases, providing further enhanced system performance and further extended 
capabilities for the LTE radio-access technology. As part of this evolution, LTE will also 
continue to expand into new usage scenarios and use cases, such as local-area access and 
different types of “machine-type” communication. 

However, at some stage completely new radio-access technology will undoubtedly emerge 
and initial discussions on such “beyond LTE” radio access have recently been initiated within 
the research community [119] as well as within ITU [120]. 

Figure 21.4 illustrates the different “generations” of mobile communication, from Ist 
generation analog systems, via the 2nd and 3rd generation mobile-communication technol- 
ogies, to 4th generation LTE. As the figure indicates, a new generation has entered the market 
roughly once every ten years. Solely based on this, one may anticipate that a new “beyond- 
LTE” radio-access solution may emerge and enter the market around 2020. 

Up until now, each new generation of mobile communication has been designed to cover 
all use cases and all usage scenarios of earlier generations, including low to high mobility, 
wide-area coverage to very dense deployments, voice and data, and so on. One possible 
scenario is for this to continue beyond LTE. 
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Generations of mobile communication 


However, one could argue that for certain use cases and usage scenarios, for example 
wide-area mobile broadband, it is not likely that major additional benefits can be achieved 
with a completely new radio-access technology, compared to what can be achieved with the 
occurring evolution of LTE. It can also be argued that developing a single new radio-access 
technology targeting the full range of anticipated use cases and usage scenarios unavoidably 
leads to design compromises and partly sub-optimal solutions. 

With this in mind one can envision an alternative future scenario as outlined in 
Figure 21.5. In this scenario, the overall radio-access solution of the future will consist of a set 
of well-integrated radio-access technologies, including the evolution of existing radio access 
and complementary new radio-access technologies targeting specific use cases and/or usage 
scenarios where more substantial benefits can be expected from introducing new technology, 
compared to what can be achieved with the evolution of existing radio access. 

Note that in this future scenario the term “SG” would not refer to a single new radio-access 
technology. Rather, as illustrated in Figure 21.5, the term 5G would cover the overall future 
radio-access solution consisting of the evolution of existing radio-access technologies and 
new complementary technologies, all operating in a well-integrated way. Also note that the 
complementary new radio-access technologies could, in this scenario, very well consist of 
multiple technologies, each targeting and optimized towards a specific (group of) use case(s) 
and/or usage scenario(s). 
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In the following, some key technology areas relevant for such beyond-LTE radio access 
are discussed. 


21.2.1 New frequency ranges 


The availability of sufficient amount of spectrum is key to future radio communication. 
Current mobile-communication systems operate in spectrum up to roughly 3.5 GHz. In order 
to further expand the overall traffic capacity of the mobile-communication networks one 
should extend the amount of available spectrum by considering new frequency ranges. 

In the medium-time perspective, up until roughly 2020, it can be expected that existing 
mobile-communication technologies, primarily LTE, will expand their frequency-range of 
operation into higher bands but still below roughly 10 GHz. However, for the longer-term 
perspective—beyond 2020—one should consider further expansion into even higher fre- 
quency bands up to roughly 100 GHz and perhaps even beyond that. 

The use of such very high frequencies for mobile communication would have the potential 
of opening up for a massive increase in the amount of available spectrum. It would also open 
up for the possibility for much wider transmission bandwidths in the order of several 
100 MHz, or perhaps as wide as 1 GHz or even wider. Operation at such very high frequencies 
could also be an enabler for new technology solutions, such as the use of massive antenna 
configurations as further discussed below. 

Still, there are many remaining questions regarding the use of such high frequencies for 
mobile communication, especially related to propagation. Although the higher path loss at 
higher frequencies can partly be compensated for by means of more advanced antenna so- 
lutions providing higher antenna gains, there are still question marks regarding issues such as 
the impact of shadowing and the possibility for outdoor-to-indoor propagation. 

Despite this, the use of very high frequencies for mobile communication will undoubtedly 
be one of the more interesting possible evolution paths for future radio access. 


21.2.2 New ways of assigning spectrum 


There are currently two main approaches to spectrum assignment for wireless 
communication. 

Cellular technologies operate in dedicated licensed spectrum. The local assignment, for 
example on a country basis, of a certain frequency band for exclusive use by a single operator, 
together with the strict specification of radio-transmission performance for that band, allows 
for high service quality and high system efficiency at high network loads. However, in very 
dense network deployments, which may constitute a substantial part of future wireless- 
communication networks, the traffic load per network node may often be relatively low. 
To assign a certain part of the spectrum for use by one specific operator may, in that case, not 
be the most efficient approach in terms of system efficiency. It may be more efficient if 
spectrum momentarily not used by one operator could by used by another operator. 
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In contrast, WiFi technologies operate in unlicensed spectrum with, often, multiple in- 
dependent networks operating simultaneously and with no coordination within the same area. 
The possibility for simultaneous operation of multiple networks in the same spectrum may 
allow for more efficient overall spectrum utilization at low traffic loads, but makes it difficult 
to retain good service quality and high efficiency as the traffic load increases. 

In the future one should also consider other means to assign spectrum, with an aim to 
maintain the high-quality service level of dedicated spectrum and, at the same time, enable 
high efficiency in terms of spectrum utilization regardless of the load. 

Already today there are ongoing discussions on Licensed Shared Access (LSA) [122] as a 
means to increase the spectrum availability for mobile communication. In the context of mobile 
communication, LSA implies that spectrum assigned on a primary basis for a certain system 
can be used on a secondary basis for mobile communication as long as this secondary usage 
does not negatively impact the primary system. One typical case could be spectrum that is used 
only very infrequently and in a highly predictable manner by the primary system. 

In the future one should also consider other means for spectrum sharing, including, for 
example, assigning certain spectrum jointly to a set of operators and providing tools as part of 
the radio-access technology to improve the performance of such sharing. 

It should be noted that such new ways of assigning spectrum, including different means for 
spectrum sharing, should not be seen as a replacement for the currently dominating paradigm 
of licensed dedicated spectrum. Rather, different means for sharing spectrum should be 
considered a complement to dedicated licensed spectrum in order to further extend the overall 
amount of spectrum available for mobile communication. 


21.2.3 Massive antenna configurations 


It should be clear from earlier chapters that the use of different forms of multi-antenna 
transmission/reception is one important component of LTE. In the future it can be ex- 
pected that advanced multi-antenna technologies will be of even higher importance, being a 
tool for further increase in the achievable data rates and even higher traffic capacity. 

The introduction of massive antenna configurations with the number of controllable an- 
tenna elements increasing by orders of magnitude compared to today is one possible track. 
Proper use of such antenna configurations could be used to dramatically boost system ca- 
pacity and achievable data rates, without requiring a corresponding densification of the 
network infrastructure. 

Massive antenna configurations are especially of interest for operation in much higher fre- 
quency bands above 10 GHz (see also Section 21.2.1). Due to the smaller wave length at higher 
frequencies, truly massive antenna configurations consisting of a very large number of antenna 
elements can then be deployed without an unreasonably large physical size of the antenna 
configuration. For example, at 40 GHz an antenna array consisting of 512 cross-polarized 
elements with half-wavelength spacing could be packed into a roughly 10x 10 cm area. 
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21.2.4 Ultra-dense deployments 


Network densification is an ongoing process for currently existing cellular systems with inter- 
site distances as small as 200 m and even lower not being uncommon today. The interest in 
network densification is also reflected in the increased focus on heterogeneous deployments 
within 3GPP, a topic that was extensively discussed in Chapter 16. 

The paradigm of ultra-dense deployments takes network densification even further, with 
network densities that may be orders of magnitude higher than the densest networks of today. 
Such deployments could, for example, be of interest in scenarios where extremely high data 
rates and/or extreme traffic capacity is required, for example in office environments and 
public places such as shopping malls, subway stations, or other dense urban environments 
with a very large number of users with very high individual traffic demands. 

Ultra-dense deployments can primarily be anticipated to operate at high frequencies 
beyond 10 GHz. The primary motivation for the use of such high frequency ranges for ultra- 
dense deployments would be the possibility for large spectrum blocks allowing for large 
transmission bandwidths, something that would be needed to fully exploit the data-rate 
potential of ultra-dense deployments. 

A key technical challenge of ultra-dense deployments is to ensure low-cost deployment 
and management despite the very large number of network nodes. Thus, support for different 
means for network self-configuration and self-optimization would be an important component 
for ultra-dense deployments. 

Backhauling would be another key challenge for ultra-dense deployments. The possibility 
for wireless backhauling, including different means for multi-hop communication, should 
preferably be an integral part of future ultra-dense deployments. This could also include 
different forms of direct device-to-device communications. 


21.3 Final thoughts 


LTE has already emerged as the globally-accepted radio-access-technology of choice for 
providing mobile-broadband services for the next decade and beyond. The evolution of LTE 
will continue, further enhancing the LTE capabilities and extending it into a key enabler for 
new types of applications such as massive communication between machines. Further into the 
future new radio-access technologies will emerge complementing LTE for specific use cases 
and usage scenarios. Still, LTE will remain as a key component bringing us into the future 
networked society, where everyone and everything will be connected, and where there will be 
non-limiting access to information and possibility for data sharing anywhere and anytime for 
anyone and anything. 
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Radio Resource Control (RRC), 137-139 
Radio Resource Management (RRM), 123 
RAKE, 50 
RAN. See Radio access network 
Random access, 358-369 

preamble, 360-366 
Random Access Channel (RACH), 130 
Range expansion, 390 
Rank indicator, 286, 338-339 
Rate adaptation, 106. See also link adaptation 
Rate control, 85, 94. See also rate adaptation 
Rate matching: 

in downlink, 165-166 

in uplink, 242 
Receive diversity, 65, 108 
Redundancy version, 99-100, 165, 226, 235, 242, 303 
Reference sensitivity: 

for LTE BS, 464 


for LTE terminal, 464-465 
Reference signal: 
cell-specific, 172-175 
CRS. See reference signal, cell specific 
CSI. See reference signal, for channel-state information 
demodulation downlink, 175-179 
demodulation uplink, 249-257 
for channel-state information, 179-183 
for MBSEN, 172, 407-408 
for EPDCCH, 179 
for positioning, 172 
for sounding. See sounding reference signal 
for uplink demodulation, 249-257 
UE-specific. See reference signal, demodulation 
downlink 
Reference-signal sequence: 
phase-rotated/“cyclically shifted”, 252-254 
time-frequency structure, 249-251 
Reference symbol, 38, 172 
frequency shifted, 173 
Relaying, 413-429 
access link, 414 
amplify-and-forward. See repeater 
architecture, 415-416 
backhaul link, 414 
control signalling. See Relay Physical Downlink Control 
Channel 
decode-and-forward, 413 
hybrid-ARQ operation, 418-421 
inband, 415 
outband, 415 
REG. See Resource Element Group 
Relay Physical Downlink Control Channel (R-PDCCH), 
421-425 
Relative Narrowband Transmit Power (RNTP), 375 
Release 8 (LTE), 103-111 
Release 9 (LTE), 111-112 
Release 10 (LTE), 112-115. See also LTE-Advanced 
Release 11 (LTE), 115-117 
Release 12 (LTE), 486 
Reordering, 316-317 
Repeater, 413 
Resource-allocation type: 
in downlink, 228-230 
in uplink, 237 
Resource block, 144-145 
in downlink, 167-171 
in uplink, 244-248 
signaling of, 228-230, 237 
Resource-block pair, 144 
Resource element, 144 
Resource element group, 201 
RF bandwidth, 446 
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for carrier aggregation, 441 
for MSR base stations, 449 
for multi-band base stations, 467-468 
RF characteristics, 431—471 
RI. See Rank Indicator 
RLC. See Radio Link Control 
RNTP. See Relative Narrowband Transmit Power 
R-PDCCH. See Relay Physical Downlink Control Channel 
RRC. See Radio Resource Control 
RRC_IDLE, 138-139 
RRC_CONNECTED, 138-139 
RRM. See Radio Resource Management 
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S1 interface, 123 
SAE, 10, 103 
Scheduling: 
assignment, 207, 223-233 
channel-dependent, 85, 87-96 
downlink, 87-91, 322-323 
frequency-domain, 94, 106-107 
grant, 207, 233-237 
greedy filling, 93 
half-duplex FDD, 333-335 
max-C/I, 88-91 
proportional fair, 91 
request, 325-327, 358 
round robin, 90-91 
semi-persistent, 332-333 
uplink, 92-94, 324-329 
SDU. See Service Data Unit 
Search space, 218-223 
Selectivity: 
adjacent channel. See ACS 
in-channel. See ICS 
Self-backhauling. See Relay 
Service Data Unit (SDU), 126 
Serving Gateway (S-GW), 122 
SFBC. See Space-Frequency (Block) Coding 
SEN. See Single-frequency network 
SEN. See System Frame Number 
S-GW. See Serving Gateway 
Shared-channel transmission, 106, 132 
SI. See System Information message 
SIB. See System Information Block 
SIC. See Successive Interference cancellation 
Single-frequency network (SFN), 48. See also MBSFN 
SI-RNTI. See System Information RNTI 
Slot, 142-144 
Sounding reference signal, 257-261 
Space-Frequency Block Coding (SFBC), 73, 187 
Space Time (Block) Coding (ST(B)C), 72 
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Spatial multiplexing, 77-83 

multi-codeword based, 82 

pre-coder based, 80-81 

single-codeword based, 82 

in LTE. See Pre-coding (LTE) 
Special subframe, 149 
Spectral efficiency: 

performance, 476-477 

requirement, 480-481 
Spectrum sharing, 497 
Spectrum flexibility, 109-111 
Spurious emissions, 452-453, 458, 463, 470 
Standardization, 10-15 
Subcarrier spacing: 

in general, 29-31, 41-42 

LTE, 141 

reduced, 142 
Subframe, 142 
Successive Interference Cancellation (SIC), 82 
Symbol quadruplet, 201 
Synchronization signal, 348-351 
System Frame Number (SFN), 143, 352 
System Information, 351 
System Information Block (SIB), 351, 354-355 
System Information message (SI), 356 
System Information RNTI (SI-RNTD, 355 
System performance, 473-475 
System throughput, 475 
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TDD. See Time Division Duplex 
TD-SCDMA, 13, 110, 153-154 
Three-dimensional beam-forming, 490-491 
Time Division Duplex: 

dynamic, 488 

in LTE, 109-110, 150-153 

spectrum, 4, 8 
Timing advance, 295-297 

for relaying, 425-426 
Transmission mode, 184—186 
Transmission rank, 190 
Transmission Time Interval (TTI), 129 
Transmit Diversity, 70-73 

for PUCCH, 266 

LTE downlink, 186-189 

BCH, 352 


Transparent mode (for RLC), 316 
Transport block, 129 

signaling of size, 230-233 
Transport channels, 129 
Transport format, 129 
Transport format selection, 129 
TTI. See Transmission Time Interval 
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CI. See Uplink Control Information 
E categories, 118 


L-SCH. See Uplink Shared Channel 
Itra-dense deployments, 498 
nacknowledged mode (for RLC), 316 
nwanted emissions, 441 

plink Control Information (UCD, 136 
plink-Downlink separation, 488 

plink Shared Channel (UL-SCH), 130 
pPTS, 152 

ser Equipment (UE), 118 

categories, 118 

ser throughput, 90, 266, 475 

TRA FDD, 5, 13, 432, 449. See also WCDMA 
TRA TDD, 13, 153, 449 


V 


Virtual Resource Block (VRB), 168, 230 
distributed vs. localized, 169 
downlink, 168 
uplink, 245 

VRB. See Virtual Resource Block 
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WCDMA, 1, 4, 14 
WLAN: 
interworking with, 489-490 
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X2 Interface, 108, 123-124 
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Zadoff-Chu sequences, 251-252, 364-366 
Zero-power CSI-RS. See CSI-RS, Zero Power 
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EM, 459-460. See also Operating band unwanted emissions 


